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NUMBER 4 


Design of an Electrostatic Loudspeaker* 


TuHeopore Linvenserc,t Pickering and Company, Inc., Oceanside, New York 
Cuartes E. Smitey,} Livingston Electronic Corporation, Livingston, New Jersey 


Jerry B. Minter, Measurements Corporation,§ Boonton, New Jersey 
Components Corporation, Denville, New Jersey 


N ELECTROSTATIC loudspeaker is merely a noisy 

capacitor. The plates of the capacitor are mounted 

in a resilient manner to permit movement under the stress 

of electrostatic attraction when the charge on the capacitor 
is varied. 

A polarizing voltage must be used to secure linear re- 
sponse. Many of you will, no doubt, recall the electrostatic 
loudspeaker marketed under the name of “Kylectron”? 
around 1928. It attempted to cover the entire af range, 
which was asking too much from any electrostatic loud- 
sp2aker. Furthermore, a rubber dielectric was employed 
which deteriorated quite rapidly. Since that early com- 
mercial venture, the electrostatic loudspeaker has received 
very little attention in the United States. Janszen, Pritch- 
ard, and Hunt of Cambridge, Massachusetts, have recently 
done some work on electrostatic speakers which has not 
yet been published. 

Mr. Lindenberg called his recent development to Mr. 
Minter’s attention last year, and Mr. Minter became in- 
terested enough to build one to try it out. The results have 


* Presented at the Fifth Annual Convention of the Aud’o Engineer- 
ing Society, New York, October 14-17, 1953. 

t Chief Design Engineer. 

+ President. 

§ Vice-president. 

|| President. 

1 Y. Ford Greaves, F. W. Kranz, and W. D. Crozier, The Kyle 
Condenser Loudspeaker, Proc. Inst. Radio Engrs., 17 (7), 1142-1152 
(1929). 


been pleasing, and Mr. Smiley has indicated a desire to 
market the speaker at an early date—possibly in kit form 
initially. 

Figure 1 shows the basic construction of this version of 
the electrostatic loudspeaker. A perforated metal back- 
plate is coated with a suitable enamel and electrostatically 
“flocked” while still tacky. This is done with a special 
“gun” available through most radio jobbers. The high- 
voltage power supply from a flyback type of power supply 
such as that used in modern television receivers can be used 
to apply at least 10,000 v between the flock gun housing 
and the metal backplate. The flock consists of small cellu- 
lose fibers of uniform length which are all closely packed 
on end by the electrostatic force imparted to them during 
the spraying operation. 


After the flocked backplate has been allowed to dry 
thoroughly, the rubber edging or insulated channel can be 
applied and the aluminum foil stretched into place. In 
this speaker 0.00025-in. foil was used similar to that em- 
ployed in the manufacture of paper capacitors. Care must 
be exercised to keep the foil flat while it is stretched over 
the curved backplate. Curvature of the backplate is neces- 
sary to hold the foil in intimate contact with the flock. 
The backplates used were about 12 in. high and 24 in. 
wide, with a radius of curvature of about 36 in. None of 
these dimensions is critical, of course. The foil was 12 
in. wide, 
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-00025 ALUMINUM FOIL 


PERFORATED 


ELECTROSTATICALLY ALUMINUM OR STEEL 
FLOCKED BACK PLATE 


RUBBER OR PLASTIC 
INSULATING CHANNEL 


Fic. 1. Construction detail of an electrostatic loudspeaker. 
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Fig. 2. Schematic diagram of an electrostatic loudspeaker. 


Spring brass clips were bent up to hold the foil in place. 
The backplate is flattened slightly while the last clip is put 
into place so that the springback of the backplate will 
hold the foil tightly against the flock when this pressure 
is removed. 

Figure 2 shows the schematic for a suitable power supply 
and driving amplifier for use with the electrostatic speaker. 
A voltage tripler supplies about 400 v; the isolation trans- 
former is used for safety reasons. Power consumption is 
only about 10 w. 

At this point it may be advisable to discuss briefly some 
of the theoretical limitations which must be recognized in 
the use of electrostatic transducers. The charge on the 
plates established as a result of the applied polarizing 
voltage will produce an attraction between the plates. When 
this voltage is modulated with the audio output from the 
amplifier, the forces which attract and repel the plates will 
not vary linearly. Fortunately, the distortion which results 
can be minimized through the proper choice of polarizing 
voltage and superimposed ac voltage. 

An approximate analysis indicates that the second har- 
monic distortion can be kept under 5% if the polarizing 
voltage is five times the peak ac driving voltage. This also 
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means that the maximum excursion of the foil must be 
limited to 5% of the spacing between the plates. This, of 
course, limits the power output at the lower frequencies, 
unless very large surfaces are used. 

All the above discussion applies only to a single-ended or 
asymmetrical design. Push-pull or symmetrical electrostatic 
transducers permit balancing out even-order distortion, and 
greater acoustic power output can be obtained for the same 
overall distortion limits. Unfortunately, a simple push-pull 
design has not been found, so all experience to date has been 
with single-ended electrostatic speakers. 

Since the displacement of the electrostatic speaker dia- 
phragm depends on the applied voltage, the resultant sound 
pressure will increase with frequency (at wavelengths small 
compared to the overall size of the speaker). It is, therefore, 
necessary to use a special integrating network or slope filter 
to secure constant sound pressure output with constant 
applied ac voltage vs frequency. This is shown in the grid 
of the second half of the 12AX7 tube, the series resistor of 
100,000 ohms, and the shunt capacitor of 1,000 ppf. 

A crossover network at 4,000 cps is shown in Fig. 2 ahead 
of the first half of the 12AX7. This can be bridged across 
the voice coil leads to the If speaker. A complimentary 
low-pass filter should be used to remove frequencies above 
4,000 cps from the If speaker. This filter should have a 
cutoff of about 12 db per octave. 

Phasing of the speaker is easily checked with a sharp 
click applied to the input of the power amplifier. The voice 
coil leads can easily be exchanged to secure the sharpest 
click. The 50,000-ohm potentiometer in the grid of the 
first half of the 12AX7 is used to adjust the relative amount 
of hf output for suitable balance with the If unit in use. 

The directivity of the speaker can be seen by reference to 
Fig. 3. The horizontal plane acoustical output is fairly 
uniform for a radius greater than 3 ft (approximately 4 A 
at the crossover). It becomes more uniform as the fre- 


HORIZONTAL 

Fic. 3. Direetivity plots of an electrostatic loudspeaker. (H. F. 
Olson, Musical Engineering, p. 105, McGraw-Hill Book Co., New 
York, 1952.) 
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quency increases. The vertical pattern is such that it is 
advisable to use two or three units in parallel with their 
vertical axes displaced about 5° to secure a better distribu- 
tion. The addition of the extra surface also permits the 
radiation of more acoustical power, which is desirable down 
near 4,000 cps. 

In his application, Mr. Minter used a crossover of about 
9,000 cps and was able to get enough sound level out of one 
12 in. by 18 in. unit above this frequency. The sharp 
vertical radiation pattern of a single speaker was retained. 
In damp weather the leakage will sometimes reduce the 
polarizing voltage somewhat and thus reduce the sensitivity 
of the speaker; however, no breakdowns have occurred 
as yet. 

A thin protecting cover should be placed over the surface 
if it is exposed to strong wind force or other physical abuse. 
Sheer nylon stocking material can be used for this purpose. 

The hf sound of this speaker is extremely smooth and free 
of peaks or sharp resonant cutoffs. No other tweeter is 
known that sounds as smooth and soft. The transient re- 
sponse is excellent. 

One word of caution should be given with regard to the 
correct polarity. The aluminum foil must be positive with 
respect to the backplate. If reverse of polarity is attempted, 
the speaker begins to gencrate a smooth hiss noise of its 
own. This hiss noise will persist for some time after restora- 
tion of correct polarity. 
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Design Factors in Horn-Type Speakers 


Dantet J. Pracu 
Jensen Manufacturing Company, Chicago, Illinois 


Maximum efficiency in a horn unit can be achieved only if a conjugate match ex'sts between 
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driver and horn. This match is possible only if the unloaded resonance of the driver is greater 
than horn cutoff frequency. Since the throat resistance of a finite horn at cutoff is a small fraction 
of its asymptotic value, the point of reactance annulling is chosen at this frequency. 

The use of hyperbolic-exponential horns makes possible practically any desired resistance or 
reactance characteristic near cutoff. The hyperbolic-exponential horn allows much more uniform 


transmission down nearer to cutoff than is possible with the exponential type. 


HE ADVANTAGES of horns have been known since the 

early days of the acoustic art when the conical horn 
found extensive use in the radiation of sound. In 1919 
Webster indicated the superiority of the exponential horn 
over the conical type. Subsequent investigation of gen- 
eralized plane-wave infinite horn theory has led to the de- 
velopment of a family of hyperbolic exponential horns that 
have more desirable characteristics than the exponential 
type. This family of horns has been patented by the Jensen 
Manufacturing Company, and projectors using these flares 
are currently marketed under the trade name of Hypex.'* 

The general expansion of this family of horns is given 
by the equation 


x s\ 
A, = A; \ cosh — + T sinh — 
F Xo Xo 
The T in this equation determines the family to which the 
horn belongs. If T is made equal to zero, the expansion is 
that of a hyperbolic cosine and has the form 


x 
A, = A; cosh? '4 


Xo 
For a T equal to 1, the familiar exponential horn results: 
; = = A; e24/%X 


If T is set equal to infinity, the conical horn is obtained, 
given by the relationship 


x 2 
A. =A, (14+—) 


Xo 


These horns may be classified as falling into two groups, 
the hyperbolic cosine. or “cosh horn,” where JT includes 
values between zero and 1, and the hyperbolic sine or “sinh 
horns,” where T includes values between 1 and infinity. The 
expansion of the cosh horn can be put in the form 


1V. Salmon, US. Pat. 2,338,262. 
2V. Salmon, Hypex Horns, Electronics, 14, 39 (July, 1941). 


Fig. 1. Flare comparison of hyperbolic-exponential horns. 


x 
A, cosh* (= +.) 
A = 


cosh? a 
T =tanha 
cosh a = (1 —7*)-* 
For the sinh horn, the following relationships apply: 


- 2 
A, sinh? (= +.) 
Xo od 


me sinh? a 
T =cotha 
sinh a = (T*-1)-* 
Figure 1 is a comparison of horns of various T values having 
the same terminal dimensions. It will be noted that horns 
with smaller T values are characterized by smaller slopes 
near the throat, the T equal zero horn having zero slope at 
the throat. For a given cutoff frequency and throat size the 
horns with smaller T values expand more slowly and there- 
fore require a somewhat greater length to achieve a given 
mouth size. 
The throat impedance of an infinite horn may be repre- 
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——— 


10 
f/f. 

Fig. 2. Throat resistance characteristies for horns of various 7 

values. 


sented by an inductance shunted by a resistance. 
pedance presented to a driver by a horn is 


The im- 


It will be noted that as u approaches infinity the 
asymptotic resistance presented to the driver is inde- 
pendent of the value of T and approaches 267(A,°/A;) 
mechanical ohms and the reactive component 7 /u ap- 


proaches zero. Near cutoff, where uw has values near unity, 


the throat impedance is dependent on the parameter 7. A 
normalized plot of throat resistance as a function of fre- 
quency with 7 as a parameter is shown in Fig. 2. If the 
driver unit is operated under constant-velocity conditions, 
these curves also indicate the relative acoustic output. By 
the choice of the parameter 7 practically any desired charac- 
teristic near cutoff may be obtained. Variation of mouth 
resistance can be partially compensated by the use of a 
hyperbolic-exponential horn having the appropriate throat 
resistance rise near cutoff. 

Although resistance considerations will generally dictate 
the particular value of JT to be used, the reactance charac- 
teristics may be an important factor in some cases. A plot 
of normalized reactance of a horn is given in Fig. 3. It is 
seen that small values of 7 result in a higher reactive com- 
ponent at cutoff, the reactance being 1/7 times the reactance 
of an exponential horn. The reactance, however, is seen to 
drop more rapidly above cutoff for smaller T values. For a 
horn having a 7 of zero there is no reactive component 
above cutoff. 

The preceding discussion applied to the characteristics of 


infinite horns. In practice a horn has a finite length and 
mouth area, so deviation from the characteristics of the 
infinite horn is to be expected. Since a horn is essentially 
a tapered acoustic transmission line, it must be properly 
terminated in order to avoid reflections which would cause 
large variations of the throat resistance above and below 
its asymptotic value, with consequent irregularities in radi- 
ated power. If a horn is expanded until its circumference 
is equal to or greater than a wavelength at the lowest fre- 
quency to be passed, the effects of reflections are mini- 
mized. This condition is satisfied when 


An equivalent expression on an area basis yields 
1.45 x 10° 


Fr 


These figures apply for operation in free space. When 
radiation occurs into smaller solid angles, the required area 
can be reduced. Figure 4 is a plot of required mouth size 
against frequency for various modes of operation. Curve 
A would be applicable to any units designed for operation 
in free space. Operation of If horns at the intersection of a 
wall and floor reduces the area requirement by a factor of 
4, as shown in curve B. For corner operation the area can be 
reduced by a factor of 8 as compared to free space, and curve 
C applies. When the horn is operated under matched con- 
ditions, the area may be further reduced as the driver then 
becomes relatively insensitive to fairly large impedance 
variations. 

At this point we will consider the behavior of a horn when 
coupled to a driver unit. Figure 5 represents the equivalent 
circuit of this system. 

To obtain maximum power transfer between a driver and 
horn requires that the driver impedance be a conjugate of 
the impedance of the horn. If this condition is satisfied, 
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Fic. 3. Frequeney dependence of throat reactance for horns of 
various T values. 
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A, operation in free space; B, intersection of two planes; C, opera- 
tion in a corner, 


the resistive components are equal and the reactive com- 
ponents are equal but of opposite sign and therefore cancel 
out. In the direct radiator type c: speaker the moving sys- 
tem impedance is normally much higher than that of the 
air load, and this ideal condition of a conjugate match is 
approached only at resonance. This mismatch accounts for 
the relatively low efficiency of the direct radiator type of 
speaker. 

The driver can be considered as a generator having an 
internal impedance: 


7 (Bl)* : Sa 
Z4 = ————_+ Jj wo My-— 
R,+R- : . 


The mechanical impedance of a driver is resistive only at its 
resonant frequency and is highly reactive at any other fre- 
quency. If the cutoff frequency of the horn is placed below 
the unloaded resonance of a driver, the horn reactance is 
positive and increasing with decreasing frequency while the 
driver reactance is negative and also increasing with decreas- 
ing frequency. Thus it is possible to make the net mechani- 
cal reactance between horn cutoff and driver resonance close 
to zero. The cutoff frequency is generally chosen as the 
point where the net mechanical reactance is zero, since in 
the finite horn the mechanical resistance at and below cutoff 
is not zero but has a finite value which is a small fraction 
of the asymptotic value. This expedient leads to a large 
efficiency improvement at and near cutoff. 

The effective reactance of a driver at the cutoff frequency 
may be put in the form 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


Z 
Xa = wo Ma -(*) 


and the reactance of the horn at cutoff is 
ony 42.7 A¢ 
T fo At 


If these two expressions are equated, the condition for re- 
actance annulling at cutoff is obtained. Solving for the 
product MafoA;, we obtain 


— 


Ma fo Ar = 42.7 A? 
[EG] 


Since the throat size is based on considerations of efficiency, 
electrical impedance, and in some cases permissible throat 
distortion, and the mass and the effective diaphragm area 
for a given driver are fixed, the variables in the preceding 
equation are fo, f,, and T. Figure 6 is a plot of the product 
of MafoA; against the ratio f,/fo, with T as a parameter. 
Since fo is chosen to satisfy If performance requirements, 
the product M,f,A; is determined, from which may be ob- 
tained the required ratio of /,/f and, therefore, the resonant 
frequency f, for a given value of 7. This figure is based on 
a 15-in. speaker. For a speaker of any other area A, multi- 
ply the value of M,fyA; obtained from this chart by 
(4/125)?. 

Where the radiation from one side of the driver is utilized, 
the value of f, can be adjusted by varying the volume of the 
cavity enclosing the nonradiating side. The cavity places a 
stiffness in series with the suspension system, and its value 
may be calculated from 
2.26 X 10° D,' 


Vy 

The required cavity size may be obtained experimentally by 
adjusting the cavity volume until an impedance maximum 
occurs at the cutoff frequency. For this application a linear 
speaker of low resonance is used, and since the resonant 
frequency is increased appreciably by the cavity the con- 
trolling reactance becomes that of the cavity. This results 
in reduced distortion owing to the suspension system non- 
linearities. 


c— 


Fig. 5. 


Equivalent circuit of horn-type speaker. 
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Fic. 6. Hyperbolic-exponential horn reactance annulling condi- 
tions. 


This type of horn arrangement is capable of yielding the 
highest possible lf efficiency, since a conjugate match is 
possible between horn cutoff frequency and driver resonance. 
The disadvantage of this arrangement in If corner horns is 
the rapid attenuation and response roughness that occur 
at frequencies above a few hundred cycles, necessitating a 
very low crossover frequency. 

With enclosures that combine horn back-loading with 
front radiation maximum efficiency cannot generally be 
achieved, since the speakers used in this application have a 
relatively low resonant frequency which may be close to 
cutoff, making a conjugate match impossible. Improved 
efficiency may be achieved by designing around a woofer 
with a relatively high resonance or by treating the cone 
annulus with a stiffening lacquer to raise the resonance. 


EFFICIENCY 


A knowledge of the efficiency characteristics of a horn unit 
is important. If the driver constants and the nature of the 
terminating impedance are known, the efficiency may be 
calculated. The efficiency may also be determined by 
measurement of the driver impedance in its horn enclosure, 


in vacuum, and in its blocked state for every frequency 
where information is required. 

The energy efficiency, sometimes referred to as the initial 
efficiency, is defined as the ratio of acoustic power output 
to electrical power input and is given by 


(Bl)? R, X 10° 
R. (Rm + R,)* + (Rn + R,) (Bl)? x 10° 
The energy efficiencies for a properly designed horn unit may 
exceed values of 80%. Since the impedance of a unit is 
not constant, cognizance must be taken of its ability to draw 
power from a source. The energy efficiency multiplied by 
the loss due to impedance mismatch is the actual measure 
of horn performance. This type of efficiency is designated 
as the absolute efficiency and is the ratio of acoustical power 


output to the maximum power available from a matched 
source, given by the expression 


4R, R, (Bl)? X 10° 
(Rm + Ri)? 4+- (o Ma)? 


E + Re+ 


where X, includes the motional reactance and voice coil 
reactance. The efficiency as determined in this manner may 
be appreciably less than the energy efficiency. For a prop- 
erly designed horn unit the reactive component is small 
compared to total mechanical resistance, and the losses 
above cutoff are negligible compared to total resistance. 
The expression may then be simplified to 


4R, (Bl)? x 10° 


Ne 


fame 


(BY? X 10° (Ra +R]? 
(Rm + Ry)? + (oMa)? ‘ 


Na = 


Ry [e+ Re + 


(Bl)? « 10° | ? 
Ri 


Differentiation of » with respect to (B/)*/R, yields the con- 
dition for maximum efficiency given by 

(Bl)? & 10° 

——_—_—_—— = BR, + &, 

h 

Since R, varies with frequency, the matching requirement is 
generally satisfied somewhat above cutoff where the load 
presented by the horn is close to the ultimate value. The 
required throat area is then given by 


267 Ag (Ry + Re) 
(BD? x 109 
If this condition is satisfied, the efficiency is relatively in- 
dependent of throat impedance variations, since an increase 


in resistance by four times or a reduction by the same factor 
results in a loss of less than 2 db. 
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In some cases the distortion characteristics must be con- 
sidered in choosing the throat size. The pressure-volume 
characteristic can be considered linear only for small pressure 
changes. Large pressure changes result in the production 
of second-harmonic distortion. In a horn this distortion 
increases as the observed frequency is increased above cut- 
off. To maintain the throat distortion under 1% at any fre- 


quency requires that 
2 
( x ) = 450 
fo 


Po 

At 
where P, is the acoustical power output in watts, A; is the 
throat area in square inches, and f is the frequency at which 
the measurement is made. Generally this condition can be 
readily satisfied for tweeter or woofer horn units. 


HIGH-FREQUENCY PERFORMANCE 


The mass of the moving system, sound chamber, and 
voice coil inductance form a low-pass filter. If the sound 
chamber were absent, the equivalent circuit would consist 
of the blocked speaker impedance in series with the com- 
bination of motional capacity in parallel with the load re- 
sistance. This would form a half-filter section, the cutoff 
being given by 

(Bl) x 10° 


"Qe (Ma Le) # 
Above cutoff the motional resistance becomes small and 
the efficiency is given by the relationship 


4R,R, (Bl)? X 10° 


wo? Mf? (R, + R-)? +- [? Ma L,—(Bl)*|? * 10° 
At frequencies where the term o'M/L,* predominates, the 
slope of the efficiency characteristic becomes asymptotic to 
12 db per octave. 
Most horn units have a sound chamber associated with 


Ye — 


c Le 
VV 


Fie. 7. Equivalent cireuit of horn-type speaker at high frequen- 
cies. 
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them. The chamber volume combined with the moving 
system mass and voice coil inductance form a low-pass T 
section on the electrical side, as shown in Fig. 7. 

The effect of adding a sound chamber of the proper size is 
to multiply the theoretical cutoff by a factor of the square 
root of 2 for a given moving system mass, or, conversely, 
the moving system mass may be doubled for the same cutoff 
frequency. The mass of the moving system appears as a 
shunt capacity having a value 

Ma 


Cx = ———————_ 
(Bl)? « 10° 
The air chamber appears as an inductive reactance on the 
electrical side and is given by 
(Bl)® 442 * 107° V (Bl)? 
ii S, See Di 
If the chamber possesses circular symmetry, the value of 
the inductance is 
3.47 K 101% hk (Bl)? 


D? 

If the horn unit is designed on a filter basis, the value of the 
chamber clearance is adjusted so that the preceding ex- 
pression equals the voice coil inductance. This choice of k 
may not always be feasible, since this clearance in tweeters 
may depend on the maximum excursion that is to be handled 
at low frequencies. Also, at high frequencies the voice coil 
inductance is not constant because of core losses. This ef- 
fectively places a shunt resistance across the voice coil which 
tends to reduce the inductance. Whereas the chamber 
extends the cutoff by 1.4 times the value in the absence of 
the chamber, the slope of the efficiency characteristic is 18 
db per octave instead of 12 db above cutoff. 

From the foregoing it can be realized that it is difficult 
to achieve a wide pass band in a single horn unit. The dia- 
phragm excursion varies inversely with frequency so that 
relatively large chamber clearances are required combined 
with rugged moving systems to reproduce the lower frequen- 
cies, whereas light moving systems and small clearances are 
required to obtain good efficiency at high frequencies. Thus 
the requirements of lf power handling capacity are incom- 
patible with the hf requirements. This is one of the factors 
which has led to the use of multiple horns, each covering a 
part of the spectrum, when performance to the limits of 
audibility is required. 
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_ SYMBOLS 
distance from throat, inches frequency ratio, f/fo 
cutoff parameter = 2,155/fo = moving system mass, grams 
= horn cutoff frequency cavity stiffness 
horn area at distance x suspension system stiffness 
mouth area, square inches throat air chamber stiffness 
throat area, square inches mechanical loss resistance 
effective diaphragm area, square inches voice coil resistance 
effective diaphragm diameter, inches voice coil inductance 
mouth diameter, inches flux density, gauss 
= flare parameter conductor length, centimeters 
horn impedance as seen by driver efficiency 
resistive component of horn impedance unloaded driver resonant frequency 
reactive component of horn impedance throat air chamber volume, cubic inches 
driver mechanical impedance diaphragm-chamber clearance, inches 
= driver mechanical reactance 
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A New Transformerless Amplifier Circuit* 


Kerm ONDER 
Circuit Research Laboratory,t New York, New York 


A transformerless amplifiert is described using four tubes connected in a bridge circuit and 
so driven that each tube delivers equal power to a common load. The ac equivalent circuit of 
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the amplifier may be represented by a generator of voltage 2ue, in series with the plate resistance 
r, of one tube. The amplifier is characterized by wide frequency response, low distortion, and 
good transient response. Negative feedback is easily applied, and there is no direct current 
flowing through the load. Two complete audio amplifiers are described using this output 
circuit. One of these delivers 18 w to a load of 200 ohms, with a total intermodulation distortion 
of only 0.7%. It weighs only 4 Ib, 3 oz, including the power supply and preamplifier. This 
amplifier circuit is also suitable for use in aircraft equipment and other applications where compact- 


ness and light weight are major considerations. 


INTRODUCTION 


IRANSFORMERS are used in power amplifiers for im- 
pedance transformation whereby maximum power may 
be delivered to a given load with minimum distortion and 
to isolate the load from dc components in the circuit. An 
ideal transformer should perform these functions without 
introducing any distortion and power loss. However, a 
practical audio transformer is far from the ideal, and it is 
the most costly, heavy, and bulky item in an amplifier, even 
including the power-supply transformer. This statement is 
justified if the comparison is made on a watt-per-watt basis. 
The equivalent circuit of an iron core push-pull output 
transformer is shown in Fig. 1; it requires little comment 
other than the fact that it now represents an impedence 
which varies both with frequency and with operating level 
or excitation. 

Amplitude distortion will be caused owing to the non- 
linearity of the B-H characteristics of the core material 
and will become worse at low frequencies as can be seen 
from the relation 


E, = 4.44f BAN X 10° v (1) 


Partridge’ has made a thorough investigation of nonlinear 
distortion caused by transformer core materials and has 
shown that the total harmonic distortion may run up to 
several per cent. Additional amplitude distortion will be 
generated owing to mismatch between the load and the 
tubes as a result of transformer impedence variation, par- 
ticularly at low and high frequencies. 


* Presented at the Fifth Annual Convention of the Audio Engin- 
eering Society, October 14-17, 1953. 

t 617 West 113th Street, New York 25, N. Y. 

+ Patent applied for. 

1Norman Partridge, Harmonic Distortion in Audio-Frequency 
Transformers, Wireless Eng. (September, October, and November, 
1942). 
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Fie. 1. Equivalent circuit of a practical push-pull audio output 
transformer. 


The causes of frequency distortion are obvious from Fig. 
1. The amplitude falls off at low frequencies because 
of the finite value of primary inductance and because of 
leakage inductance and winding capacities at high fre- 
quencies. Resonance effects are also produced at certain 
frequencies. 

Frequency distortion will be accompanied by phase dis- 
tortion. This becomes an important consideration when 
feedback is applied around a loop including the output 
transformer. At certain frequencies the feedback may 
exceed that required for stability where a safety margin of 
30° and 15-db loss around the feedback loop must be 
allowed. This requires that the cutoff rate at both ends 
of the frequency-response curve should not exceed by 
more than 10 db per octave. Some feedback amplifiers 
which seemed to be stable under steady conditions showed 
poor transient response and instability when subjected to 
the “tone burst” method of testing.” 

The efficiency of an audio output transformer is often 
overlooked. There are commercial transformers, however, 
in which the losses, including the total core and copper 
losses, may be as high as 50%. The core losses vary with 
both frequency and flux density according to the well- 
known relation 


P, = ky f B,,.” -++ kf? B,,” w (2) 


2 Kerim Onder, A Tone-Burst Generator, J. Acoust. Soc. Amer., 
25 (November, 1953). 
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Fig. 2. Basic circuit diagram of the transformerless amplifier. 


As a result of this, the frequency response of an amplifier 
will look quite different at various power levels. Further- 
more, with push-pull output transformers there is the 
problem of symmetry and coupling between each half of 
the primary as well as the secondary windings. Unless 
a coupling factor of unity is realized, the flux due to 
the dc components cannot be completely cancelled out while 
maintaining ac symmetry. This is of particular importance 
in class B audio amplifiers, as is well known. 

From this short summary it can seen that the per- 
formance of an audio amplifier is intimately linked with 
the quality of the output transformer; and it is by no 
means an easy task to design a good audio output trans- 
former even if cost, weight, and size are of no consideration. 
Therefore, it is not surprising that many attempts have 
been made to eliminate the output transformer altogether. 
Several circuits have been devised and some amplifiers have 
been built without any output transformers. It is not the 
purpose of this paper, however, to describe or evaluate 
these circuits which are already covered in the audio 
engineering literature.** 


Some objectives may be prescribed for a transformerless 
amplifier. The circuit should be symmetrical with no direct 
current through the load, and it should not be necessary 
to use large electrolytic condensers to block the dc com- 
ponents. The tubes should be easily driven in the right 
phases, without using transformers; but in-phase com- 
ponents, such as hum, should not appear in the load. The 
output impedance should be as low as possible, and no 
taps should be used in the loudspeaker voice coil. Inverse 


3 Fletcher and Cooke, The Cathode-Follower Loudspeaker Coup- 
ling, Electronics (November, 1951). 

4A. Peterson and D. B. Sinclair, A Single-Ended Push-Pull Audio 
Amplifier, Proc. Inst. Radio Engrs., 40, 7-11 (1952). 

5 Victor Brociner and Gerald Shirley, The OTL (Output-Trans- 
former-Less) Amplifier, Audio Eng. (June, 1952). 

6 Frank H. Gilbert, Commercial OTL Amplifier of Unique Design, 
Audio Eng. (August, 1952). 


KERIM ONDER 


circuitry. 
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feedback should be easily applied without complicated 


TRANSFORMERLESS AMPLIFIER CIRCUIT 


As shown in Fig. 2, the power amplifier consists of four 
tubes connected in a bridge circuit and so driven that each 
tube delivers equal power to the load. The tubes are 
properly biased to establish normal operating plate volt- 
ages and currents. The lower tubes in the bridge are 
biased with the total plate currents flowing through R,. 
The upper tubes are positively biased by the bleeder net- 
works R,R2P, so that the correct negative bias is estab- 
lished between their grids and cathodes. The bias voltage 
should be equal in all tubes. 

The loudspeaker or load is connected between points 5 
and 6, and no current should flow through it in the absence 
of a signal. A dc balancing control, P, is provided to zero- 
adjust the circuit if necessary. Owing to the nature of the 
circuit, however, the out-of-balance current without using 
selected tubes is very small, even without this control. 

A push-pull voltage amplifier drives the output tubes in 
the right phase and amplitude. Since less drive is required 
for the lower tubes, taps are provided in the plate load 
resistors of this amplifier. The drive for the upper tubes 
is approximately equal to e, + (e¢ 9/2) and thus depends on 


Rx 


(b) 


Fig. 3. Equivalent circuit diagram of the transformerless ampli- 
fier. 
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Fic. 4. Basie cireuit diagram of the transformerless amplifier 
with direct coupling. 
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seas the amplifier. It can also be applied in push-pull from 
Wf To 5 on € 
both sides of the output. 

It is also apparent that a poorly filtered de plate supply 
voltage can be used with no audible hum in the output. 


PRACTICAL AMPLIFIER 


A complete audio amplifier using two 6AS7G tubes in the 
output is shown in Fig. 5. A seesaw type of phase inverter 
™ is used, although other types are equally satisfactory. The 
mS Saas filaments of the preamplifier tubes and the phase inverter 
meg tube are placed in the common cathode circuit of the power 
Fic. 5. Complete transformerless amplifier cireuit. output stage. In this way filament hum is eliminated and 
some saving in both power and parts is realized. Overall 
negative feedback of about 15 db is applied from the correct 
TiN output terminal to the common cathode of the phase 
* * inverter. With a total plate current of 215 ma at 270 
ro v and a load of 400 ohms, the output power is 9 w with an 
intermodulation distortion of only 0.7%. More power is 
available if higher order distortions can be tolerated. ‘The 
plate efficiency under these conditions (class A operation) 
is 20%. The power output vs load impedance is shown 
in Fig. 6. The intermodulation distortion vs power output 
with and without feedback is shown in Fig. 7. No special 
comments are necessary for the frequency response of this 
$00 1000 1500 amplifier, since the only limiting factors are the tube and 
LOAD RESISTANCE - OHMS 
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Fic. 6. Power output vs load impedance for the transformerless 


amplifier. 

the load R,. The drive may be termed “diagonal phas- 

ing,” since the tubes on the same diagonal are driven in #7 —— 

phase whereas the tubes on the other diagonal are 180° out z e 

of phase. <, yy 
The ac equivalent circuit of the power amplifier stage, 3. 

as shown in Fig. 3, may be represented by a generator of = J A 

voltage 2ye, in series with the plate resistance r,. Thus the z i F d 

total power is four times more than a single tube. It should - @ on 

be noted that e, is the net ac driving voltage between the a me 

grid and cathode. ° = oe i a a ie ee ee 
Several varieties of this circuit are possible. For instance, velar 


: : Fic. 7. Power output vs per cent intermodulation distortion for 
the grids of the upper tubes wig be directly : connected to transformerless amplifier; 60 and 3,000 eps mixed 4:1. 

the plates of the voltage amplifier, as shown in Fig. 4. In 

this way the coupling condensers and the biasing resistors 


are eliminated. Then the dc balancing of the power ampli- Wo 
fier is adjusted by means of the potentiometer P in the = “ “ad 
voltage amplifier cathode circuit. An audio amplifier with t 1G AUDIO 


this circuit was built and used for some time with excellent 
results. 

Among many good features of this amplifier is the ease 
with which negative feedback may be applied with the 
result that amplitude distortion is virtually eliminated. The 
feedback loop may be connected between either point 5 Fic. 8. Preamplifier used with the transformerless power ampli- 
or 6 (Fig. 5) and a suitable point in the early stages of fier. 
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FREQUENCY - CYCLES PER SECOND 
Fic. 9. Equalization characteristies of the preamplifier. 


Fie. 10. Photograph of transformerless amplifier including the 
preamplifier. 


stray capacitances at high frequencies and the size of the 
coupling condensers at low frequencies. It is flat within 
the audible range, and the response is the same at all levels 
of operation. This is not true in the transformer amplifiers. 
An input voltage of 0.3 v is required for full power output. 

The preamplifier is quite straightforward in design, as 
shown in Fig. 8. It is equalized for the NAB and the RCA 
recording characteristics, as shown in Fig. 9. It is suitable 
for operation with a magnetic pickup of about 10 mv, and, 
at the output level of 0.3 v, the total distortion is quite 
negligible. The power amplifier, including the preamplifier, 
is shown in Fig. 10. 

Perhaps the only criticism which may be directed against 
this transformerless amplifier is the fact that a comparatively 
high-impedance loudspeaker is required for full power out- 
put. However, even with a 4-ohm loudspeaker sufficient 
volume with no noticeable distortion can be obtained in a 
room of average size. 


18-WATT AMPLIFIER 


With the object of increasing the power output and at the 
same time reducing the load impedance, another amplifier 
was built with four RCA type 6082 tubes. This tube is an 
industrial version of the well-known 6AS7G and requires 
26.5 v for the filaments. Hence it is possible to connect 
all the tubes in series across the power line without using 
a filament transformer. 


KERIM ONDER 
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This amplifier, complete with built-in voltage doubler 
power supply, preamplifier, and bass and treble controls, 
is shown in Fig. 11. It weighs only 4 lb, 3 oz. Its per- 
formance is practically the same as that of the two-tube 
amplifier described above, except that its power output is 
18 w across a load of 200 ohms; however, ample volume 
can be obtained with a loudspeaker of 16 ohms. Com- 
mercially, this amplifier would be specified perhaps at 25 w, 
since its intermodulation distortion at 18 w is only about 
0.7%. 


LOUDSPEAKERS 


The loudspeaker (Fig. 12) used with this amplifier for 
maximum output is a Baker “De-Luxe” 12-in. unit with a 
voice coil impedance of 250 ohms. It has a power rating of 
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Fig. 11. Photograph of 18-w transformerless amplifier including 
power supply and preamplifier. 
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Fig. 12. Baker 12-in, 15-w loudspeaker. 
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15 w, and its frequency range is 18—-17,000 cps with a fun- 
damental resonance frequency of 35 cps. Satisfactory 


results were also obtained with the W.E. 755B 8-in. 4-ohm 
speaker and with the Olson 16-ohm type LC1A coaxial unit. 
Of course several loudspeakers can be connected in series to 
obtain the necessary load impedance. 


APPLICATIONS 


The amplifier circuit described here is not restricted to 
the tubes and circuitry shown. Several variations of the 
basic circuit are possible. Of course an output transformer 
can be used with equal advantage. The requirements im- 
posed on this transformer would be far less than a conven- 


tional push-pull audio output transformer. The transformer 
can be of very simple construction, with only two windings 
having a small turns ratio. Obviously such a transformer 
will be comparatively free from the troubles outlined above 
and will cost far less than a standard unit. In fact, an 
ordinary filament transformer was used with excellent re- 
sults. Large amounts of negative feedback were applied 
over the secondary, and good stability was achieved. 

There are numerous applications of this amplifier circuit, 
besides its use as a straight audio amplifier. It can be used 
with advantage in recording amplifiers, in ultrasonics, in 
wide-band amplifiers, in aircraft, and in commercial, mili- 
tary, and other equipment where reduction of weight and 
compactness are the objectives. 
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A Stereodynamic Multichannel Amplifier for Single or Binaural Input* 


Joun Nicro 
Madison Radio-Sound, Madison, New Jersey 


See PAPER will describe a further development of a 

unique system of amplification using dynamic control 
stages and an integrating third channel to effect a greatly 
increased illusion of spatial distribution in reproduction 
from single and dual (binaural) sources. 

Delineation of the principle upon which this new circuit 
is based is imperative for understanding its function. It is 
designed to one end only: simulation of the live experience 
within the music lover’s listening room. Long conditioning 
to “canned” music has tended to modify our criteria of 
“realistic reproduction” in correspondence to the inherent 
shortcomings of the recording process. Spatial sound dis- 
tribution depends upon an integration of many variables: 
sound intensities, frequency pattern, sound transient, etc. 
In order to attain a quality of spaciousness in reproduced 
music, whatever system be employed, each of these factors 
must be considered. Simple as it may appear from the 
standpoint of static performance, the problem is immeasur- 
ably increased in complexity by the dynamic nature of 
music. The failure of conventional apparatus to maintain 
proper relationship among the above factors accounts for 
much nonrealistic reproduction. 

Lack of dynamics is very apparent because of the scalar 
nature of reproduced sound, the inevitable loss of dynamic 
range in recording, whatever the medium, and the nonlinear 
response of the ear to sound intensity levels. Since spacious- 
ness is a function of intensity, preservation of that quality 
requires restoration of the dynamic range in such manner 
that intensities over the total dynamic range reproduced 
seem to the ear to be in the same relation as in the original 
performance. In other words, the absolute intensities of 
the original playing must be reduced in level according to 
the size of the listening room while maintaining the apparent 
relative intensities. Compensation must also be made for 
the resonant characteristics of the listening room with respect 
to both intensity level and frequency contour. 

The effort to provide a frequency contour more pleasing 
to the ear has resulted in the “loudness control,” which has 
merit, owing to the limited dynamic range of conventional 
amplifiers, but which falls far short of the goal. It may be 
suited to the dinner music type of reproduction, but if 
frequency compensation is to achieve the desirable contour 
(Fletcher-Munson) it cannot be set inflexibly for a par- 
ticular loudness level. Frequency compensation must vary 
automatically with varying dynamic level. Automatic com- 


* Presented at the Fifth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-17, 1953. 


pensation is essential not only to the overall balance of 
ensembles but also to the reproduction of instrumental 
timbres. 

Unless the frequency contour is correct for the loudness 
level in the particular listening room, the relative amplitudes 
of harmonic components will not be obtained and timbre 
will be distorted. 

Certainly the Achilles heel of reproduction is transient 
response. (A common experience. in listening to certain 
types of reproduction is the sensation that the loudspeaker 
is “spitting razor blades.”) Because of the shock excitation 
of any electronic or electroacoustical device, the harmonic 
characteristics of transient peaks are altered. Thus, to effect 
response corresponding to reality, shock excitation must be 
minimized by a slower rise and a sharper decay in the re- 
sponse of circuit to signal. 

To date, the problem of re-creating the illusion of a given 
sound pattern in space and time, no matter how many 
sources or channels are employed, has been attacked from 
only one aspect—time base. Time and intensity, however, 
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Fig. 1. Block diagram of multichannel stereodynamie channel. 
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Fig. 2. Schematic diagram of multichannel stereodynamic amplifier. (Note: R16 and R94 should be shown ganged.) 


ELEecrricaL Parts List FoR MULTICHANNEL STEREODYNAMIC AMPLIFIER 
cl 0.05 pf C36 0.1 f C76 


“ / kohms 
C2 0.05 uf C37 20 pf, 450 v C77 0.05 pf R7 68 kohms, 1w 
C3 20 uf C38 0.02 pf C78 50 uf, 50v R8 33 kohms 
. C4 20 pf C39 20 uf, 25v c79 0.1 uf R9 33 kohms 
C5 0.01 uf c40 20 uf, 450 v cs80 0.1 uf R10 27 kohms 
C6 250 put C41 0.03 yf c81 01 yf Ril 68 kohms 
C7 0.02 yf c42 0.008 pf C82 0.1 uf R12 270 kohms 
c8 250 put C43 20 pf, 25v C83 0.25 pf R13 100 kohms pot. ganged 
cg 20 pf, 25v C44 0.03 uf C84 0.02 uf with R91 
c10 0.25 uf C45 20 uf, 150v C85 500 put Ri4 2700 ohms 
e1l 0.25 pf C47 0.05 pf C86 750 ppt R15 470 kohms 
C12 0.1 yf C48 0.05 yf C87 1000 ppt R16 100 kohms pot. ganged 
C13 0.1 yf c49 50 pf, 50 v C88 1500 ppt with R94 
C14 20 uf, 450 v - C50 0.02 pf C89 2000 ppt R17 270 kohms 
C15 0.02 pf C51 0.05 uf c90 500 ppt R18 500 kohms pot. ganged 
C16 20 pf, 25v C52 0.05 uf c91 750 ppt with R96 
C17 20 pf, 450 v C53 20 uf C92 1000 ppt R19 100 kohms 
€18 0.03 pf C54 20 uf C93 1500 ppt R20 100 kohms 
C19 0.008 pf C55 0.01 uf C94 2000 ppt R21 50 kohms 
C20 20 uf, 25 C60 250 put C95 500 put R22 470 kohms 
C21 20 pf, 150v C61 0.02 pf C96 750 put R23 3 kohms 
C22 0.03 pf C62 250 ppt C97 1000 ppt R24 27 kohms 
C23 0.05 pf C63 20 pf, 25v C98 1500 ppt R25 47 kohms 
C24 0.05 pf C64 0.25 uf c99 2000 ppt R26 6800 ohms 
C25 50 pf, 50v C65 0.25 pf CH1 Stancor A-3872 primary R27 470 kohms 
C26 0.1 yf C66 0.1 yf winding R28 350 kohms 
C27 0.1 yf C67 0.1 yf CH2 Stanecor A-3872 primary R29 3 kohms 
C28 0.1 yf C68 20 pf, 450 v winding R30 470 kohms 
C29 250 ppt C69 20 uf, 25v CH3 Stancor A-3872 primary R31 24 kohms 
C30 20 pf, 25v C70 0.03 uf winding R32 50 kohms pot. ganged 
C31 20 pf, 450 v C71 20 uf, 450 v Rl 6800 ohms with R70 and R110 
C32 0.1 uf C72 0.008 uf R2 3.3 meg R33 20 kohms 
C33 250 put C73 20 uf, 25v R3 200 kohms R34 250 kohms pot. ganged 
C34 20 pf, 25v C74 0.03 pf R4 68 kohms with R72 and R112 
C35 0.25 pf C75 20 uf, 150 v R5 3.3 meg R35 47 kohms 
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kohms R67 kohms 
R37 kohms R68 kohms 
R38 kohms R69 kohms 
R39 kohms R70 kohms pot. ganged 


R40 ohms, 10 w with R32 and R110 
R41 kohms R71 kohms 


R42 kohms R72 kohms pot. ganged 


R43 kohms . 
R44 kohms with 234 and R112 


R73 kohms 
pend — tes R74 kohms 
R47 kohms R75 kohms 
R48 kohms R76 kohms 
R49 kohms R77 ohms, 10 w 
R50 kohms R78 kohms 
R51 kohms R79 ohms 
R52 kohms R80 
R53 kohms pot. B81 
R54 ohms R82 
R55 kohms R83 
R56 kohms R 84 
R57 kohms R85 
R58 kohms R86 
R59 kohms R87 kohms 
R60 kohms R88 kohms 
R61 kohms R89 kohms 
R62 kohms R90 kohms 
R63 kohms R91 kohms pot. ganged 
R64 ohms with R13 
R65 kohms R92 2 ohms 
R66 5 kohms R93 kohms 


cannot be dissociated without incurring some form of dis- 
tortion. The major advantage of any type of multichannel 
reproduction is derived from the enlargement of the sound 
front pattern, adding to a great extent the spaciousness 
necessary for more lifelike illusion. (The ability to create 
sound effects in motion bears little relation to the quality 
of musical sounds.) The continual shifting of the sound 
frout reproduced by a multichannel system, although de- 
sirable, is not its most important attribute. As anyone 
familiar with the symphony hall realizes, the sensual stimulus 
of orchestral sound depends little upon directionality; it is 
derived, rather, from the all-embracing spaciousness with 
which one is surrounded. 

Time base, or phase differential, is the most important 
factor in multichannel reproduction, but, as stated, to obtain 
proper spatial distribution, phase differential alone is far 
from sufficient. Many other variables, including sound in- 
tensities and frequency spectrum, must be in balance to 
achieve a truer illusion. 

Let us consider what dynamic range will produce a certain 
intensity pattern, which, in turn, is related to a desirable 
frequency contour. It is common knowledge that sound 
intensities are measured above the ambient noise level; 
the same is true in recording, reproduction, etc. Ambient 
noise has space-time characteristics and a frequency spec- 
trum very deficient in hf components. Thus, even though 
ambient noise and recorded noise are of random nature, the 
ear distinguishes between them in a way which the point 
readings of a sound level meter cannot indicate. Ambient 
noise is the threshold of our listening experiences (due to 
the feedback and discriminatory properties of our senses). 


kohms pot. ganged #121 470 kohms 
with R16 81 Switch, 3-pole, 6-position 
kohms T1 U.T.C., LS-6L1 or Chicago 
kohms pot. ganged BO-5, 10,000 ohms P.-P. to 
with R18 500 ohms and V.C. 
kohms T2 U.T.C., LS-6L1 or Chicago 
kohms BO-5, 10,000 ohms P.-P. to 
kohms 500 ohms and V.C. 
kohms U.T.C., LS-6L1 or Chicago 
kohms BO-5, 10,000 ohms P.-P. to 
kohms 500 ohms and V.C. 
kohms 68C7 
ohms 2 6SK7 (selected) 
kohms 
kohms 
kohms 
kohms 
kohms 
kohms pot. ganged 
with R32 and R70 
kohms 
kohms pot. ganged 
with R34 and R72 
kohms 
kohms 
kohms 5 68K7 (selected) 
kohms 5 
kohms 
ohms, 10 w 
kohms 
kohms 


(selected) 


If we were deprived of this ambient noise (as in anechoic 
chamber listening, for example), we would be aware of a 
new experience that is quite disconcerting because it is 
unnatural. Likewise, the added ambient noise component 
picked up by a microphone (which noise, incidentally, as 
stated above, is eliminated by the discriminatory properties 
of our senses) plus the mechanical and electric noise of the 
reproducing medium constitute a nuisance and a hindrance 
for the reproduction of low-level passages because of the 
raised threshold level in listening. Ambient noise is ob- 
jectionable to a sound level meter, but to the ear it is a 
natural experience. Our subjection to ambient noise from 
the day we are born may well account for many of the 
discriminating abilities inherent in a highly developed aural 
sense. 

The type of noise accompanying every reproduced sound 
is a novel experience to the ear and occurs in that part of 
the frequency spectrum where the ear is most sensitive. To 
be sure, it is of a statistical nature, but we are unaccustomed 
to its harmonic pattern; as a consequence, such a pattern 
is objectionable. In other words, the ordinary ambient 
noise front is of a random nature but with an harmonic 
pattern which the ear accepts. Reproduction noise, however, 
has a novel harmonic pattern, and hence it constitutes a 
nuisance, notwithstanding sound level meter readings. The 
ear distinguishes sound much below the ordinary ambient 
noise level, but it cannot distinguish such sounds when they 
are accompanied by the same amount of noise in reproduc- 
tion. Thus, the dynamic range or capabilities of our re- 
producing apparatus are limited by the noise level generated 
by the medium (disc, tape, etc.). Therefore, to reproduce 
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low-level passages as such and the upper reach of the dy- 
namic excursion, we must produce the sound intensities that, 
coupled with appropriate frequency contour and lower noise 
level, are necessary for spatial illusion. 


BINAURAL, STEREOPHONIC, OR CACAPHONIA? 


The effort to achieve this spatial illusion has led to the 
development of binaural reproduction which, despite many 
excellent qualities, has some disadvantages when reproduced 
through conventional apparatus: added noise level not 
common to both sides; a sort of “cave” sound; a “halo” 
which colors reproduction. The impression often derived 
from this type of reproduction is that of a large front plane 
of sound, a “‘halo” without depth. 

Only time or phase differential between channels has been 
considered in binaural or multichannel systems. Striking 
though this improvement may be, the dynamic shortcomings 
of single-channel reproduction are increased in direct pro- 
portion to the number of channels added for the sake of 
spatial distribution. Sound from left and right channels 
may be in proper phase relation, but they are not balanced 
with respect to relative intensities or frequency contour. 
Because of dynamic unbalance there is a shift of sound 
source, and, because of uncompensated frequency contour, 
the shift is most prevalent in midfrequency range. By 
restoring dynamic and frequency balance, we eliminate the 
cacaphonic sound experienced with multichannel systems 
and prevent the shifting of the sound source, thus providing 
an aural balance otherwise impossible. There remains, how- 
ever, a further improvement of major importance to the re- 
creation of a natural sound front—a center channel which 
integrates the sound from each of the side channels, creating 
a new sound source which complements the sides and adds 
a new sound front where it is most necessary. This center 
channel should be planned in such a way that each of the 
two signals can be made to present a different dynamic and 
frequency characteristic with respect to the side channels. 
Thus, in reducing the cacaphonia, we have also enlarged the 
sound front to a more natural perspective, and the shift 
will be nonexistent. The physical positioning to which 
the listener is subjected with conventional systems is elim- 
inated as a factor, as it should be. 

The system under discussion was evolved from a basic 
circuit previously described' and has now been further 
developed and incorporated in the stereodynamic amplifier. 

This system employs two preamplifiers with separate 
inputs (which are bridged when using a single sound source), 
four dynamic control stages, tone and inverter stages, and 
power and rectifier stages. With reference to the block dia- 
gram (Fig. 1), a signal from preamplifier 1 is injected into 


1 John Nigro and Jerry B. Minter, Concert-Hall Realism Through 
the Use of Dynamic Level Control, J. Audio Eng. Soc., 1, 160 (1953). 


the dynamic control stage of one side channel and also into 
the corresponding dynamic control stage of the center chan- 
nel. Preamplifier 2 likewise ieeds the dynamic control stage 
of the other side channel and its corresponding dynamic con- 
trol stage in the center channel. The gain or signal controls 
for the two side channels are ganged, as are the minimum and 
maximum controls, so that control voltages developed by 
each of the side channels will also control the associated 
dynamic control tube of the center channel. The two dy- 
namic control stages of the center channel have independent 
gain controls. The tone controls are also multiple poten- 
tiometers, ganged; thus, from the standpoint of static 
characteristics, the frequency contours of the three amplifiers 
are identical. The reasons for having the gain controls of 
the side channels ganged while separate controls are provided 
for the two control tubes of the center channel are: (1) it 
simplifies operation; and (2) in reproducing binaural ma- 
terial (or single input operation, for that matter) it is ad- 
visable to keep both input controls at the same level. The 
most important reason, however, is that the center channel 
acts as a balance or focus for each of the side channels. In 
reality, the center channel is just as important as the sides, 
more so perhaps because of the dissimilarity in gain charac- 
teristics and frequency contour of each of the two control 
tubes. 

The amplifier’s function is more easily explained if we 
assume a dual signal at the input. The gain of the side 
channels is identical when two loudspeaker systems of 
identical characteristics are used. A different loading of 
the side amplifier will produce a different gain owing to 
voltage change across the 500-ohm winding of the output 
transformer. This, in turn, alters the threshold of the diode 
operation. 

The center channel has two separate volume controls, 
since it uses two control tubes, but it does not develop 
control voltages in itself. These voltages are derived from 
the side channels (Fig. 2). The gain of this center channel, 
even though controlled by the two sides, can be made in- 
dependent because of the separate input control setting. 
Consequently, the dynamic characteristic of each control 
tube feeding the center channel amplifier can be altered. 
Hence the gain rises and falls, favoring the right or left 
channel or both, according to the signal input and the input 
control setting. Each dynamic control stage will shape the 
proper frequency contour for a particular intensity level 
when these go through a dynamic excursion. A reversing 
switch allows reversal of operation, the center channel driv- 
ing the sides. In Fig. 2 of the schematic diagram, the 
double-pole double-throw switch center terminals are con- 
nected to the two diode plates; one side connects to the 
two 500-ohm windings of the side channels’ output trans- 
formers, and the other side is connected to the 500-ohm 
winding of the center channel output transformer. In this 
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Fic. 3. Stereodynamie amplifier for medium power requirements 
with single-ended output stages. 


latter position the voltages generated by the two combined 
signals control the system. 

When the center channel is driven by the two sides, with 
proper control setting, the dynamic excursion of this channel 
can be made greater than the two sides, or vice versa. This 
effect can, of course, be controlled according to one’s desire. 
By reversing the control voltages, the sound front is also 
reversed. This flexibility of gain and, consequently, of 
sound front pattern is very desirable for binaural as well as 
for single input, e.g., in the reproduction of solo instruments. 

The dissimilarity of gain and delay time characteristics 
of the channels adds immeasurably to the spaciousness of 
the reproduction. The combination of all the above factors 
in proper relation yields the spatial illusion desired (that is, 
reproduction simulating the original spaciousness on a scale 
suited to the listening room). With this system it is un- 
necessary to sit close to the focal point of the speaker 
‘system. 

With either single or binaural input, dynamic range re- 
lated to the original performance will be restored, the setting 
of the upper level being suitable to the listening room. 
‘Whatever the output level of each channel, there is automatic 
frequency contour proper to that level. 

In the case of a single input (bridged into both preampli- 
fiers) a dynamic (gain) and phase differential between 
channels may be achieved by slightly different settings of 
the volume controls of the dynamic control stages, or by 
using different speaker systems on the side channels (which, 
as mentioned, alters the dynamic gain characteristics), or 
by a combination of both. This dynamic and phase differ- 
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Fic. 4. Stereodynamic amplifier with extra stage of voltage am- 
plification and push-pull output for ample power requirements. 


ential between channels cannot, of course, be controlled to 
create the illusion of directionality achieved by binaural 
input. It does, however, in conjunction with varying sound 
front pattern, reduce the point source sensation and give a 
measure of spatial illusion which is so important a part of 
the beautiful experience of “live” listening. 


The loudspeaker to be used in conjunction with this sys- 
tem need not be too elaborate: only one side channel neces- 
sarily employs a geod-grade woofer-tweeter combination 
with a good enclosure. The center and the other side chan- 
nel loudspeaker may be any two medium-priced units. 

The capacity of this circuit to discriminate between signals 
of different amplitude allows the reproduction of output 
intensities related to the original performance so that a more 
natural reproduction is achieved through one channel alone. 
This effect obviously is enhanced with the multichannel 
system. At the same time, a more uniform signal-to-noise 
ratio is maintained throughout the dynamic range, a ratio 
determined by the initial bias voltage on the control stages 
so that, at low levels, noise is suppressed below the objec- 
tionable point. 

The difference in the dynamic delay characteristics and 
excursions of the four control stages yields a more nearly 
natural perspective, time base o1 delay being a function 
of intensities. Sound intensities produced with this system, 
coupled with appropriate frequency pattern and lower noise 
level, favor the whole gamut of musical sounds so necessary 
to convey to the listener not merely the melodic line, but 
the mood and the meaning of a musical work. 
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A New 30-Watt Power Amplifier* 


Sipney A. CorperMANt anp Frank H. McIntosut 
McIntosh Laboratory, Binghamton, New York 


7 McINTOSH 30-w amplifier was introduced to the 

high-fidelity market in February, 1953. Since then it 
has received much interest and attention from high-fidelity 
enthusiasts, the 3-D motion picture industry, and others. 
Before the circuit design is discussed, it is well to consider 
the performance specifications considered necessary for this 
amplifier prior to its development. These were as follows: 


1. Power output. The output level was to be 30 w at all 
frequencies within the audio spectrum from 20 to 20,000 cps, 
with usable power output from 10 to 100,000 cps. 

2. Linearity. The amplifier transfer characteristic was 
to be linear for all frequencies within the audio spectrum 
and was to be free from discontinuities or curvature for 
impulse-type signals as well as steady-state signals. The 
degree of linearity of the transfer characteristic can most 
easily be expressed in terms of harmonic distortion. A 
maximum harmonic distortion at full power output of not 
more than 0.5% for any audio frequency from 20 to 20,000 
cps was selected as the design objective. This distortion 
rating was to apply at full power output. (It is of interest 
to note that many amplifiers are not rated this rigorously; 
that is, many are rated at midband frequencies only.) 

3. Frequency response. The frequency response was to 
deviate no more than 0.5 db over the audio spectrum at all 
levels up to a 30-w output. The response was to extend 
smoothly beyond the audio spectrum and at half power 
output to be not more than 0.5 db down at 10 cps and 
100 kc. 

4. Phase shift. The phase shift was to be held at a 
minimum with +10° at the limits of the audio spectrum 
being considered acceptable. 

5. Damping factor. The damping factor was to be 10 or 
greater. Damping factors greater than 10 are not thought 
to be of particular advantage, since the speaker system dc 
resistance and feed-line resistance limit the effectiveness of 
the amplifier damping. 

6. Hum and noise. Output hum and noise was to be 80 
db or more below rated output level. 

7. Stability. The amplifier was to be stable when looking 
into all types of loads whether they be resistive or a com- 
bination of resistance and reactance. This characteristic 
was considered important since (a) many speaker systems 
appear reactive close to their resonance frequencies, (b) 


* Presented at the Fifth Annual Convention of the Audio Engineer- 


ing Society, New York, October 14-17, 1953. 
t Chief Engineer. 
+ President. 
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Fic. 1. The McIntosh unity-coupled circuit. 


some turnover networks present reactive loads close to their 
crossover frequencies, and (c) long speaker lines load the 
amplifier capacitively. 

8. Mechanical design. Mechanical features considered 
important were (a) the amplifier, which was to be con- 
structed so as to be readily serviceable, and (b) ease of 
manufacturing, so that efficient production techniques could 
be employed. 

9. Other features. (a) The amplifier must pass an Un- 
derwriter’s Laboratory examination, since this examination 
is for the best interest of the customer. (b) The amplifier 
was to be equipped with both plug and screw terminal con- 
nections so that installation would be simple and not require 
more than a screwdriver and pliers. (c) The amplifier was 
to be designed as a companion piece to operate with Mc- 
Intosh preamplifier equalizers, but, on the other hand, it 
must also be flexible enough to operate with other types of 
input equipment. 

Now let us look at the circuits used to meet these per- 
formance requirements. The well-known McIntosh unity- 
coupled circuit'* is employed in the output stage. This 
circuit is shown in Fig. 1. With this circuit one half of the 
load is placed in the plates of the output tubes and the other 
half of the load is placed in the cathodes of the output tubes. 
The output tubes may be considered as operating partially 
as cathode followers. The unity-coupled circuit has many 
advantages, and, like most good things, it presents a few 
problems too. These problems are easily corrected, however, 
and the end result is a circuit far superior to conventional 


1F. H. McIntosh and G. J. Gow, New 50-Watt Amplifier 
Circuit, Audio Eng. 33, 9 (December, 1949). 

2F. H. Mcintosh, U. S. Pats. 2,477,074, 2,544,788, 2,646,467, 
2,654,058, and others pending. 
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(a) (b) 
Fig. 2. The RC-coupled driver circuit. 


output circuits. The principle advantages of the McIntosh 
circuit are: 

1. Low output impedance. The tube-to-tube impedance 
is only 1,000 ohms, or either tube to ground has an impedance 
of but 250 ohms. This low output impedance simplifies the 
output transformer design, since the ratio of impedance 
between tubes and load is low. 

2. Low equivalent generator impedance. The output 
stage without feedback (except for the 12 db of feedback 
introduced by the circuit itself, ie., the plate-cathode load 
system) has an equivalent generator impedance one-third 
the load resistance, or 333 ohms. Thus the output stage 
itself has a damping factor of 3:1. These figures are based 
on conditions found in the 30-w amplifier when type 6BG6 
tubes are used. 

3. Low output stage distortion. The output stage distor- 
tion when measured alone without feedback but including 
the output transformer is much less than 1%. 

4. No notch-type distortion. The output tubes operate 
class AB,. With this class of service there can be severe 
distortion at high frequencies if the interprimary leakage 
reactance of the output transformer is high. This problem 
is eliminated, however, when the McIntosh unity-coupled 
circuit is used, because with this circuit the plate and cathode 
windings on the output transformer can be bifilarly wound. 
This bifilar technique reduces the interprimary leakage in- 
ductance to an exceedingly low value. There is no trace of 
notch distortion in the 30-w amplifier even at 20 kc. 

Now let us consider the unity-coupled circuit’s problems: 

1. A high drive voltage is required to drive the output 
tubes, since these tubes have their cathodes operating above 
ground. The drive voltage required is about four times the 
voltage required when the output tubes are operated in a 
conventional type of circuit. This problem is dealt with 
efficiently, however, by means of a special driver circuit 
which was developed for this amplifier. This driver circuit 
will be dicussed later. 

2. The dc plate and screen grid voltages for the output 
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tubes must be the same when the bifilar output transformer 
is used; or, alternatively, a more complicated output trans- 
former must be used having an additional winding for the 
screen grids. Type 6BG6 tubes were selected for the output 
stage of the amplifier, since these tubes have a screen grid 
voltage rating of 350 v. With 350 v applied to both plates 
and screens, 30 w of output power can readily be obtained. 
With this voltage the screen dissipation is well below the 
3.5-w limit for the tube, even at full power output. 

Additional reasons for selecting the 6BG6 tube for this 
amplifier were its ready availability, its moderate cost, the 
good uniformity of characteristics between tubes, and its 
dependable, rugged construction. 

The driver circuit uses a type 12BH7 dual triode which 
is resistance-capacitance coupled to the output tubes. This 
circuit differs from conventional coupling circuits of this 
type, however, in that the plate load resistors are returned 
to the plate winding of the output transformer. This con- 
nection has the effect of increasing the apparent ac load 
resistance presented to the driver tube plates while at the 
same time the dc load resistance remains equal to the plate 
load resistor value. Figures 2a and 2b illustrate the opera- 
tion of this circuit. Figure 2a shows a RC-coupled circuit 
where the plate load resistor for the driver tube consists of re- 
sistors R;, and R. Resistor R is shunted by a large choke. 
Here the ac load resistance is equal to the sum of R;, and R 
and the dc load resistance is equal to R,, since, for direct cur- 
rent, R is in parallel with the low resistance of the choke. Fig- 
ure 2b shows the RC-coupled circuit used in the 30-w ampli- 
fier. Here the plate load resistor R,, is returned to the pri- 
mary of the output transformer. In this circuit the current 
which flows in the output transformer primary is in phase 
with the driver tube plate current. The voltage at point A’ is 
equal to approximately three-fourths the voltage at the plate 
of the driver tube. Now, to return to the circuit of Fig. 2a, if 
resistor R is adjusted to a value which equals three times 
R_, the ac voltage at point A will be three-fourths the voltage 
at the plate of the driver tube. Thus, the voltages at points 
A and A’ in the two circuits are equal, and it can be seen 
then that the circuit of Fig. 2a can be replaced by the simpler 
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Fic. 3. Output transformer frequency response. 
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equivalent circuit of Fig. 2b. In addition, the feedback 
introduced into the driver tube plate circuits by the plate 
load resistors modifies the output stage generator impedance. 
The generator impedance rises from one-third the output 
load impedance to one-half the output load impedance, or 
500 ohms. This ratio of generator impedance to output 
impedance is the same ratio that exists in triode output 
stages. 

The driver tubes are fed by the phase inverter, which is 
a conventional cathode-plate loaded phase inverter. The 
load resistances have been made low so that balanced phase 
inverter output is obtained to 20 kc and above. This balance 
is important if hf distortion is to be held low. 

Preceding the phase inverter there is an amplifier stage 
which uses a high-mu triode. The coupling network between 
this tube and the phase inverter places the plate voltage for 
the amplifier stage at approximately one-half B+, while 
the grid voltage for the phase inverter is at approximately 
one-third B+-. Under this condition, distortion in these 
two stages is lowest. Negative feedback voltage from the 
output transformer is fed into the cathode of the amplifier 
tube. The circuits included within this feedback loop con- 
stitute the power amplifier section of the 30-w amplifier. 

Ahead of the power amplifier section there is a pream- 
plifier which has a gain of 5. This preamplifier can be used 
or not at option. It is normally not used when McIntosh 
preamplifier equalizer equipment is used with the 30-w 
amplifier. The preamplifier consists of two stages of ampli- 
fication with an overall negative feedback loop. This feed- 


back loop reduces the gain of the two stages to 5 and keeps 
noise and distortion low. 

The amplifier has two separate power-supply systems, 
one for B+ and the other for bias. The plate supply uses 
a 5U4 rectifier tube and a condenser input filter. Inas- 
much as the output stage operates class AB,, the B+ is 
required to have a very low impedance to ground at all audio 
frequencies, particularly 20 cps. A large output filter con- 
denser is used to meet this requirement. This same con- 
denser helps to reduce the ripple output of the power supply 
and allows a low resistance to be used in the filter circuit. 
By keeping the transformer, tube, and filter resistance low, 
good voltage regulation is obtained. The bias supply uses 
a half-wave selenium rectifier and a simple RC filter circuit. 

Considerable time and study went into the design of the 
output transformer. The characteristics of the resulting 
transformer are shown in Fig. 3. The transformer is flat 
within 0.1 db from 18 cps to 40 kc. The response does not 
fall to the half power level (—3 db) until 130 kc is reached. 
The lowest resonant frequency of the transformer is at 250 
kc, where the transformer response dips to -13 db. The 
wide frequency response of the transformer enables the 
application of up to 32 db of negative feedback around the 
amplifier without oscillation difficulties. Only 20 db of 
feedback is used, however, which allows 12 db for stability 
margin. 

The transformer uses a 2-in.* Hipersil core. The ac flux 
density is 10.5 kilogauss at 20 cps 30-w output. This 
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Fic. 7. Schematic diagram of the 30-w amplifier. 


moderate flux density plus the excellent characteristics of 
the grain-oriented Hipersil core has two important advan- 


tages. First, distortion produced by the nonlinear relation 
between flux and magnetizing force in the core material is 
exceedingly small. Second, dc flux produced by unbalanced 
dc currents between the output tubes has negligible effect, 
since core saturation will not occur there until there is 25 ma 
of unbalanced direct current in the transformer primary. 
This 25 ma is ample margin when 6BG6 tubes are used, 
and a means for balancing tube currents is not required. 

As mentioned earlier, the transformer has its primary 
bifilary wound. The secondary consists of five interleaved 
windings. These windings provide outputs for 4, 8, and 
16 ohms, plus a separate output winding for negative feed- 
back voltage. Separating the main output winding from the 
feedback winding adds greatly to the stability of the am- 
plifier. Loads having capacitive reactance will increase phase 
shift within an output transformer at high frequencies. This 
increase in phase shift can cause a negative feedback loop to 
become regenerative if the feedback voltage is taken from 
across the load. This is not the case in the 30-w amplifier, 
however, because separating the feedback and output wind- 
ings reduces the transformer phase-shift problem. As a 


result, the amplifier is completely stable, regardless of the 
nature of the output load. The amplifier also has a 600-ohm 
output. This output is provided by means of taps on the 
cathode primary winding. 

Now let us compare the design objectives mentioned 
earlier with the amplifier’s performance. Some of these 
comparisons are illustrated in Figs. 4a, 5, and 6. Figure 
4a shows the power output. Thirty watts is obtained at low 
distortion and flat frequency response from below 20 cps to 
50 kc. The response at half power output extends from well 
below 10 cps to 100 kc and is down only 0.5 db at 100 kc. 
Figure 4b shows the plate efficiency for the output tubes 
and the plate and screen grid dissipation of these output 
tubes. The plate efficiency at rated output is 54%. Plate 
dissipation is 14.5 w, well below the 20-w rating for the 
6BG6. The degree of linearity obtained is illustrated by 
the curves for distortion in Figs. 5a and 5b. Figure 5a 
illustrates the distortion at full 30-w output over the entire 
audio spectrum. The distortion is well below 0.5%. 
Figure 5b shows the relation between the distortion and 
power output. At reduced output levels distortion falls 
well below 0.1%. Figure 6 indicates the phase-shift charac- 
teristic. Phase shift ranges between +5° and -8° over 
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the audio spectrum. The damping factor is 12 or better for 
the 4-, 8-, and 16-ohm outputs and is 16 for the 600-ohm 
output. This factor is perhaps not as high as values some- 
times found in other amplifiers, since the output transformer 
secondary coil resistance is not compensated for by the 
negative feedback loop. The degree of damping obtained is 
thought to be quite satisfactory, however, and the additional 
stability which is obtained through the use of the separate 
feedback winding is well worth the reduction in feedback 
factor which could otherwise be obtained if the separate 
feedback winding were not used. Output hum and noise 
together are more than 85 db below the rated output. With 
regard to stability, the amplifier is completely stable regard- 
less of the reactive nature of any load placed on the am- 
plifier. 

The mechanical design objectives have been met also. 
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Subassemblies and parts cards are used. These units make 
possible a neat appearance and rapid assembly. The bottom 
cover may be easily removed so that all components are 
accessible for inspection and service. 

Underwriter’s Laboratory code requirements have been 
considered and met through the use of good engineering 
practice and adequately rated components. Special plate 
caps are used on the output tubes to eliminate the shock 
hazard arising from plate cap tubes. Adequate flexibility 


with regard to terminal connections is provided by using a 
combination of both screw and plug types of terminal. 

In conclusion, it is seen that the amplifier more than fully 
meets the design requirements. The end amplifier is a 
sound, dependable unit having all the advantages and feat- 
ures considered important for this type of amplifier. 

7 shows the complete schematic of the 30-w amplifier. 
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Audio and Interior Decor* 


Jerr MARKeLL and Mary Leicuton, Jeff Markell Associates, New York, New York 


OCTOBER 1953, VOLUME I, NUMBER 4 


INCE WE HAVE a limited space in which to discuss the 

integration of audio systems with the interior decor of 
the rooms in which they are placed, it will be necessary to 
confine the area of discussion. Therefore two classifications 
of cabinet will be eliminated immediately—the extremely 
expensive and the extremely inexpensive. If enough money 
is available, anyone can obtain the extremely expensive 
cabinet. As for the very inexpensive job, there is a bottom 
limit in price below which nothing attractive can be ex- 
ecuted, and the problem-then is merely one of keeping 
dust and misguided fingers out of the equipment and making 
a speaker enclosure that will at least function as such, even 
if it is ugly. 

In order to know what is included in a discussion of the 
integration of audio cabinets with other pieces of furniture, 
it would be well first to study a cabinet job as distinguished 
from a carpentry job. The first problem is choice of woods. 
There is good reason for preferring veneered plywood over 
solid wood for this application. The combination of changes 
in humidity plus the alternate heating and cooling of certain 
compartments in an audio cabinet render the advisability 
of the use of solid lumber quite dubious, since these factors 
tend to encourage warpage and checking to a considerably 
greater extent than in a general utility cabinet or a chest of 
drawers. Solid trim, legs, or moldings are, of course, all 
right. The trouble will occur on large panels, such as tops 
and sides. In veneered plywoods of the desired thickness, 
which, for most audio cabinet work, is 34 in., there are two 
common types of construction: solid core and ply core. 
Construction of solid core, as may be seen from Fig. 1, 
consists of an outside layer of veneer 1/28 in. thick, a cross- 
band 1/16 in. thick, the core, a second crossband, and a 
second layer of veneer—five layers in all. The solid core 
is cut into strips approximately 3% in. wide so that the 
graining of adjacent strips can be alternated. This pro- 
cedure reduces warpage substantially. 

The other type of plywood in common use is ply core, or, 
as it is sometimes called, veneer core. In ply core faces, 
crossbands and core veneers are always laid in odd numbers 
such as three ply, five ply, and seven ply. Faces are 1/28 
in. thick, crossbands 1/16 in. The grain directions of ad- 
jacent ply are at right angles to each other, making the 
resultant panel highly resistant to warpage and expansion or 
contraction. Of the two materials, solid core is the more 


* Presented at the Fifth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-17, 1953. 
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Ply core 


Fic. 1. The two types of plywood in common use for furniture. 


expensive and is often preferable where lock miters or 
veneered edges are called for, because edge veneers will 
generally take hold more firmly on solid core than on ply 
core. 

Some firms have found it expedient to use semisynthetic 
materials such as Novaply or Corktex as cores for veneered 
panels; Corktex, being considerably harder, is preferable to 
Novaply. Plain Novaply, unveneered, is quite adequate for 
such applications as sliding door panels, provided that the 
edges are banded in solid wood. Novaply is of doubtful 
durability when unbanded, and it would certainly not be 
wise to veneer the edges of Novaply, since it seems to have 
considerable porosity along its edges. Sliding doors or con- 
trol panels can also be made of tempered masonite, although 
it has some tendency toward warpage, even when tempered. 

As can be seen from Fig. 2, the lock miter joint is one of 
several joints in common use. In good contemporary fur- 
niture the most common joints -.re the lock miter and the 
miter and spline. Structurally there is nothing to recom- 
mend one in preference to the other, but it is generally less 
expensive to use the lock miter. The miter and block is 
not as strong as either of the other two methods, and it is 
no less expensive. Butt joints are not usually used in good 
cabinet work, since they are neither as strong nor as good 
looking as miters. The only common application of the butt 
joint in cabinet work will appear in designs where tops over- 
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Butt in Dado 
Fig. 2. The types of joints used in furniture making. 


—. 
Plain Butt 


Shoulder or 
Half Butt 


lap sides and where shelves intersect sides. In such cabinets 
the butt end will generally fit into a dado groove, eliminat- 
ing the necessity for any nails. Nails, by the way, are 
seldom found in good cabinets. 

Finishing is important, and the very first requirement of 
a fine finish is a good sanding job. Before finishing, wood 
should be sanded to eliminate absolutely all detectable 
scratches and irregularities. A good standard finish will 
generally consist of a coat of filler, a coat of sealer, and 
three coats of lacquer over whatever stain or bleach may 
be desired. It iS a great deal easier to obtain a good finish 
by spraying than by brushing. After the final coat of 
lacquer is dry, the finish must be compounded and rubbed 
down to the final satin or glossy texture desired. The broad 
areas can be finished quite satisfactorily by machine rubbers. 
Hand rubbing, particularly near edges and corners, is the 
expensive way but the best way. Obviously hand rubbing 
can be done only on higher-priced merchandise. However, 
it would be wise to point out here that none of the above- 
mentioned technical details can be carried out until the 
major question of style and design has been decided upon. 

A beautiful room is not so because of its size or shape 
alone, but rather because of a composite picture made up 
of carefully grouped and well-integrated pieces of furniture 
which harmonize with each other and with the draperies, 
rugs, and accessories that are chosen to set them off. This 
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is true, at least, in a well-planned room. Of course, there 
are many rooms that contain several different styles of 
furniture, in several different kinds and colors of woods. 
Even such rooms as these can acquire a new beauty with 
the addition of an audio cabinet, if the predominant style 
of furniture and wood finish is carried out in the design and 
execution of the cabinet. The selection of an audio cabinet, 
therefore, depends upon the kind of furniture already in 
the room. 

For instance, in a period living room, it logically follows 
that the audio cabinet should be designed in the same period. 
No matter what the period treatment may be, whether 
Hepplewhite, Sheraton, Chippendale, or one of the various 
other period styles, they all have one common design prin- 


American Colonial 


Fig. 3. Illustrations of various period door treatments, showing 
the wide divergence in decorative detail. 
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Fig. 4. French Provincial style equipment cabinet, illustrating 
use of the design principle of bilateral symmetry (courtesy of 
River Edge Industries). 


ciple: the design is based upon bilateral symmetry, which 
is to say that the left-hand side is a mirror image of the 
right-hand side. Where a paneled or inlaid door appears 
on the right, it is duplicated on the left. In certain 
respects this bilateral symmetry simplifies the problem of 
design. It is necessary merely to identify the predominant 
style in the room and to do some research on the typical 
cabinet treatments of the period in question. Then a cabinet 
similar in general proportions and decorative detail may be 
reproduced. If a room contains Hepplewhite tables and 
chairs and side chairs, which can be easily identified by the 
shield back, the leg details, and the inlay, similar legs and 
similar inlay and molding on the doors of the radio-phono- 
graph cabinet will make it consistent with the rest of the 
furniture in the room. On the other hand, the type of 
curved inset panels found in provincial furniture would not 
be in keeping with the Hepplewhite style. 

To digress a bit from the discussion of actual selection, 
there is one technical fact about period audio cabinets that 
should be mentioned. Because of the symmetry in period 
design, it is often necessary to waste internal space in order 
to execute a relatively authentic period treatment. The 
reason for this lies in the fact that the components to be 
housed are generally of disparate sizes. A tuner placed over 


an amplifier will require greater height than a changer; a 
tuner and an amplifier back to back will need more depth 
than a changer. A changer, on the other hand, will often 
require greater width than either a tuner or an amplifier, 
and tape machines are hopelessly confusing in the matter of 
width, height, depth, and the face to which access is required. 
The Concertone, for example, is mounted facing up, whereas 
the Magnacord is mounted facing front. When confronted 
with this problem there is only one thing to do—be of good 
cheer and lightheartedly waste such space as is not usable 
for record storage or general utility purposes. Whatever 
you do, don’t cramp the components. 

Now to return to the discussion of rooms in general and 
the selection of tasteful style and design in audio cabinets. 
In a modern room the problem of audio housing is possibly 
a trifle more complicated, but it also has the advantage of 
being more interesting in the range it offers for individual 
tastes. In modern audio cabinets the designer cannot lean 
on styles that have been tested through years of use, as he 
can with period cabinets; he has to be more of an engineer 
than his predecessors. Since much of modern furniture is 
asymmetrical in design, he is called upon to predict with a 
high degree of accuracy which methods will work where, by 
applying some old principles and some new ones. He must 
consider both maximum structural durability and minimum 
cost. It can be seen, however, that modern design can be 
more readily applied to the housing of equipment which 
varies in size. The designer can more gracefully house the 
equipment in almost any juxtaposition desired, such as tuner 
over amplifier, or changer alongside of tuner and amplifier. 
Also, in modern design he can especially well utilize the 
dual-purpose piece. For example, the sound equipment may 
be housed in an end table or a cocktail table, or in a wall 
cabinet which also houses television and which is varied in 


Fie. 5. Modern cabinet illustrating asymmetrical design (cour- 
tesy of Electronic Workshops). 
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Fig. 6. Cocktail table cabinet for high-fidelity equipment requir- 
ing separate speakers. 


its lines. Also the modern cabinet can be made in a wider 
range of colors, for added visual appeal. 

Naturally, the selection of style and design depends not 
only on the period of furniture but also on the proportioning 
and dimensioning of the piece, which is dependent on the 
size of the room and the space available for the equipment. 
The first objective in designing any piece of furniture is to 
make it functional. A piece of furniture which is beautiful 
in itself and beautiful when combined with surrounding 
pieces but which does not adequately house the desired 
equipment approximates utter uselessness. Therefore it is 
necessary to determine the sizes of the several internal spaces 
required, to place them as blocks in the most convenient 
way, and then to design the exterior around them. In con- 
sidering the placement of parts, it is necessary to keep in 
mind the overall desired proportions of the final cabinet. 
If a long, low cabinet is desired to conform to the propor- 
tions of the room and the furnishings that will be used with 
the cabinet, the designer cannot then plan to place a tuner 
over an amplifier over a changer on a base to a height 
totaling 314 ft or more, since this cabinet will have greater 
height than length. This point seems elementary and should 
not need further elaboration. The real question then is one 
of determining when a long, low cabinet is to be used or 
when a narrow, high one is to be used. Should accompany- 
ing utility cabinets, record storage cabinets, or other facilities 
be provided in the same unit, adjacent, or elsewhere in the 
room? Is television desired, and if so, where is the major 
seating area? ; 

Where the wall space is limited, either because of other 
large pieces of furniture or because the walls are broken by 
windows and doors, only two solutions are possible: a nar- 
row, high wall cabinet or a chair-side equipment enclosure 
with a separate speaker. Of course, the separate speaker is 
a desirable factor in any case. Where open wall areas of 
lengths of 5 ft or more are available, the long, low treatment 
can be effectively employed. In general, the long, low 
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cabinet will not appear visually as bulky as the narrow, high 
cabinet of the same cubic volume. 

Since .nany people today find theniselves living in rela- 
tively small spaces, it is often desirable that equipment en- 
closures be as compact as possible, in order that they will 
not crowd the room in which they are placed. “One approach 
to this problem which has often been found»practital, is the 
above-mentioned dual-purpose cabinet, which serves as an 
end table or cocktail table. In this way, a piece of furniture 
which would normally be in the room is made to double as 
an equipment enclosure, leaving only the loudspeaker to be 
housed. This has the added attraction of making it possible 
to change stations or records without moving. Although this 
method is not practical with most television sets, it is now 
possible to combine record player, amplifier, tuner, and 
remote television control in a single end table or cocktail 
table, leaving the speaker and the television screen across 
the room where they belong. In other dual-purpose arrange- 
ments audio installations may be combined with @ bar, a 
desk, or a room divider. 


It is probably unnecessary to mention that it is preferable 
to have the speaker enclosure apart from the equipment. 
In the first place, this eliminates mechanoacoustical feed- 
back; in the second place, it allows placement of the loud- 
speaker in the position that is most favorable acoustically— 
generally on a short wall of a rectangular room or in a corner. 
From the standpoint of interior decoration, these places are 
usually poor for a large wall unit such as would normally 
house both the equipment and the speaker. A basic fact 
concerning speaker enclosures is that they are uncomfort- 
ably big. Although a few compact speaker enclosures have 
been engineered which have remarkably good performance 


Fie. 7. Wall cabinet utilizing shock-mount principle to isolate 
speaker cabinet vibration. 
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for their size, it is generally agreed that a large speaker is 
infinitely better than a small one. It may be an infinite 
baffle or a reflex baffle, a labyrinth or a folded horn, or just 
some acoustical engineer’s dream, but it must sit out in the 
room to be effective. It cannot be hidden behind draperies 
or a sofa and be acoustically sound. Also the addition of 
metal grills or fancy moldings does little more than attract 
attention to a piece that can ill afford it. 

However, one apparently satisfactory method of handling 
the speaker enclosure has been developed; this consists in 
actually building the equipment enclosure and the speaker 
enclosure as two separate units, shock-mounting the speaker 
enclosure, and mounting the two in a single wall unit 
(Fig. 7). 

In choosing woods and finish colors several factors should 
be considered. The first, of course, is the kind, number, and 
size of other wooden pieces in the room. A room which 
contains several wood pieces of uniform kind and color 
should not be disrupted by the introduction of a radically 
different wood or finish. In a room where two tones are 
being used consistently, such as blond and cordovan ma- 
hogany, one or the other of these woods would be the logical 
choice. In a room which already contains three or four 
different woods and finishes, you are on your own. In a 
small room where it is desirable to minimize the size of the 
audio unit, a light piece should be set against a light wall, 


or a dark piece against a dark wall. Since the contrast of 
color between the piece and the wall is reduced, the apparent 
size will be decreased. Where space is not a problem, the 
piece will stand out more handsomely by reversing this 
procedure, so that a light wood is against a dark wall, or 
vice versa. Here I will interject one of my own personal 
crochets regarding the use of woods. I cannot understand 
people who take a perfectly good piece of wood with a well- 
defined grain in it and then either bleach or stain all the 
character out of the wood. In some cases it may be necessary 
to do this in order to conform to other pieces of furniture, 
but I cannot say that this procedure ever pleases me. A 
good-looking piece of wood is certainly not sacred, but it is 
a beautiful thing in itself, and generally the less it is tam- 
pered with, the more beautiful it will be. 

Certainly the selection of an audio cabinet is as important 
as the selection of any other furniture in the house, since a 
great deal of family interest centers around television, long- 
playing records, and tape machines. The durability of such 
cabinets is an important factor also, for the better made the 
piece is, the longer it will last. 

The horizons in the field of audio equipment in the home 
have widened considerably in recent years, and for those 
who are having difficulty in choosing cabinets to house such 
equipment there are now a number of competent designers 
to solve these problems. 
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Decorating the Home with Music* 


Russet J. Tivxuamt 


Ampex Corporation, Redwood City, California 


Music in the home should be considered as much a part of interior decor as decorative fabrics, 


colors, and furnishings. The development of new recording and reproducing techniques makes 
possible home music that reflects the character of the home owner. Just as music relieves tension 


in busy factories, offices, and stores, it can be used to sooth the busy homemaker. 


s* ALL of us know, it is now possible to purchase a wide 

variety of devices, some good, some bad, to bring music 
into the home. Time was when, to have home music, it was 
necessary to perform it yourself. But with the prodigious 
increase in technology of the past fifty years, we have become 
a civilization of specialists. Some children still fight a losing 
battle to learn to play the piano or the ocarina, usually at 
the insistence of a fond parent. But we find that most of our 
musical entertainment is now in the hands of a group of 
specialists: the members of the American Federation of 
Musicians. Now this is probably a good thing, if we look 
at it in the following manner. 

Professional musicians are usually excellent performers 
technically, even if they sometimes lack the enthusiasm of 
a good college group. And they are infinitely better than 
little Susie at the keyboard. Still they are rather high 
priced for nightly performances at home. So, in the wake 
of Mr. Edison, Mr. Marconi, Mr. Berliner, KDKA, and Mr. 
Camras, there has evolved a whole new industry—the electro- 
mechanical capturing, transmitting, and reproducing of 
stellar musical performance on a mass basis available eco- 
nomically (and sometimes not so economically) in anybody’s 
home. As a result, many music teachers who have become 
technologically displaced have found employment in our 
modern high-fidelity establishments—places with pushbut- 
ton boards permitting ten thousand different combinations of 
source, amplifier, and speaker. They leave the listener cc.- 
fused and groggy. We have t*come a civilization of beings 
more interested in passive listening than in active performing. 

This electromechanical musical art has developed so far 
that by now its integration into our normal pattern of living 
has become accepted, in fact, required. There is, however, 
a transition in the making. Prior to the last war nearly every 
home in our country had at least one radio. Now nearly 
every one has at least two, and many have several. Phono- 
graphs and records have grown in popularity. Television 
has come into fairly widespread use. Tape recording and 
prerecorded tapes are definitely becoming a part of the 
picture. Each of these developments has been added as an 


* Presented at the Fifth Annual Convention of the Audio Engineering 
Society, New York, October 14-17, 1953. 
+t Manager, Audio Equipment Sales. 
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individual package, although some attempts at disguising 
a group of such equipments in period furniture have been 
made. These are called consoles. Such radio-phonograph- 
television-tape recorder combinations weren’t found in any 
previous “period,” as far as interior furnishings are concerned, 
and for the most part these consoles are transition pieces 
that stick out like sore thumbs. I am not condemning them, 
nor am I praising the companies that specialize in rebuilding 
houses to disguise this type of equipment behind walls and 
in hidden recesses. My thesis is that we should start think- 
ing of music—and television too—in the home to be as much 
a part of the house as the water service, the telephone, the 
electric service, the stove, the icebox, the furnace. Put it in 
when the house is built, and sell it when the house is sold. 
It is true that there will be proportionately as many “jerry- 
built” sound installations as there are “jerry-built” houses. 
All other things being equal, however, the trend toward in- 
corporating an integrated home music system with the new 
house seems to be the next natural evolutionary step in our 
living accommodations. 

First, let us examine the uses of music in the home. In the 
broadest sense, music provides entertainment. We turn the 
radio on to listen, as at a concert, to a favorite artist or pro- 
gram. Or we may turn it on as a convenient filler for dull 
spots in the conversation. Or it can be therapeutic—the 
housewife can hum along with the music to take her mind 
off the greasy pots and pans. This example, by the way, 
emphasizes the main purpose of the integrated home instal- 
lation. Pots and pans are done in the kitchen, not in the 
living room where the radio is located. Therefore, a second 
radio is needed in the kitchen. Then, if the housewife wants 
music while she makes the beds or cleans the bathroom 
or does the laundry, she will need a radio in each room, 
or she will have to carry a low-fidelity portable from room 
to room. Why not a speaker in every room, properly in- 
stalled, and connected to a centralized source? It certainly 
makes sense from the point of view of materials and economy 
of maintenance. And a good individual speaker installation 
will give much more musical satisfaction than a portable 
radio. A portable radio can get only a radio program, com- 
plete with commercials, whereas a multiple room-multiple 
speaker installation makes complete flexibility possible: 
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radio, LP or EP, or tape to any or all areas. These speakers 
can be used as an intercommunication system to any room 
in the house, and they can be used as a monitor system for 
checking on the baby. 

Perhaps one of the reasons that this has not been done 
more often is that installations of this type leave something 
to be desired. Usually the speaker has been poorly installed 
with respect to its own performance and with respect to the 
acoustics of the room in which it has been installed. A great 
deal is known about these problems, but this knowledge is 
not widespread and is but imperfectly known by many who 
should have it as a tool of their trade. Too often a dog- 
kennel type of speaker is sold for the living room, and 
nothing is done except to hook wires to the bathroom speaker, 
which may have been installed in the ceiling without any 
attention to radiating position or back-loading. Of course a 
dog-kennel job is too big and too expensive for the bathroom, 
but some sort of good, small enclosure with a speaker unit 
of good quality should be an absolute minimum for any 
secondary speaker outlet. In new construction these may 
be built in. In old construction it is not too difficult to 
make a neat installation if sufficient imagination is used in 
planning. 

Perhaps we should examine the acoustics of a typical 
home briefly. The average home today has a living room, a 
dining room, and a kitchen. In some of the more modern 
ones all three areas are combined. Virtually all homes have 
separate bedrooms and baths. Well-designed homes have 
closets or intervening baths or dressing rooms between the 
bedrooms to isolate them against sound transmission. 


Each room must be considered separately when a speaker 
system is being planned. True, a speaker in one room can 
be heard in an adjoining room through archways and doors, 
but the highs will be attenuated, and the loudness level must 
be run up for adequate listening in the adjacent room. But 
then we have frequency distortion, and the neighbors may 
object. Therefore, a speaker is needed for every room. The 
doorways form an acoustic resistance between the rooms, and, 
although some sound gets through, it isn’t the sound we 
want. 


Each speaker should have its own local level control. The 
best scheme yet is the so-called 70-v line. A transformer is 
required for each speaker. The secondary is matched to the 
voice coil impedance, and the primary is rated in watts. 
The primary tap is used to give the desired loudness, just as 
a 10-w light bulb is used for dim lighting, or a 100-w bulb 
for bright. The line voltage for lights is called 110 v; for 
speakers, 70 v. 

Now, to feed the speaker system. Since most of us have 
champagne appetites on beer incomes, a fundamental pre- 
cept is to buy a few good pieces of equipment at first, and to 
add good items as we are financially able, rather than to 
secure all the equipment at once in a large number of units 
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of lesser quality. This assumes, of course, that an integrated 
system is planned. First comes some, not all, of the speakers, 


plus good amplifiers to feed them, plus probably one source |. 


element. This might be a radio, a record changer, or a tape 
reproducer. It should be kept in mind that this chain we 
are building is no better than its weakest link. Therefore, an 
amplifier flat from zero to infinity is a poor companion to a 
5-in. speaker which may reproduce only 250—5,000 cps. 

Rather complete flexibility is achieved by having two 
radios, a record changer, a tape recorder, a tape reproducer, 
and a second power amplifier, plus appropriate switching. 
With this equipment it is possible to listen to one program 
while recording a second program simultaneously for later 
listening; or two different types of programs can be fed to 
different areas simultaneously. It is seldom that more than 
two programs are wanted at once in the average home. The 
real fun comes with a system that is equipped with a tele- 
phone type of dial in every room for selecting the program 
and adjusting the volume. 

Low distortion is the criterion of a good music system. 
Just because the amplifier has a fraction of 1% distortion 
at full output doesn’t necessarily mean that the system is of 
low distortion. The speaker may have poor transient re- 
sponse, or the radio may have inherent distortion of either 
the frequency variety (most common) or the harmonic 
variety (hard to measure without proper equipment). Or 


the record player or tape recorder may have distortion faults. — 


It is best to save money and buy a good one. 


The wider the frequency response, the lower the harmonic 
distortion must be. One of the outstanding reasons people 
have objected to so called high-fidelity systems is that the 
distortion in the hf region has been so bad that the tone con- 
trol has to be twisted to eliminate this objectionable distor- 
tion in the highs. Not so many years ago a well-known 
authority stated, after some rather inconclusive experiments, 
that no one cared for anything over 7,000 or 8,000 cps. 
Today, those of us familiar with really wide-band tape re- 
corder systems of low distortion know that almost everyone 
will like such a system upon hearing it and won’t reach 
for the tone control. Such a system sounds much more 
lifelike than a restricted band-width system. In fact, virtual- 
ly every phonograph disc purchased today has been orig- 
inally recorded (mastered) on tape because of its wide range 
and low distortion. ‘Listener fatigue” is the index to the 
distortion in any system. If you want the radio turned 
off, then you should look for distortion. 

But how much of this excellence is really needed in the 
home system? First, consider background music. It has 
been found that good full bass (low frequency) has a ten- 
dency to be tiresome over long periods of listening to back- 
ground music. The reason for this may be due to our mental 
attitude that full bass requires some degree of concentration, 
and we certainly don’t listen to background music that way. 
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An undistorted narrow-band system is much more pleasing, 
esthetically, than a wide-band system full of needle scratch: 
a good 6,000-8,000 cps system of low distortion is really ade- 
quate for background music, although we may wish for some- 
thing with the brilliance of 15,000 cps for listening to a good 
tape recording or to a local, live FM broadcast. 

If we do depend on one speaker to fill the house with music, 
we won’t hear much over 4,000—5,000 cps in the next room, 
even from a 15,000-cps speaker system, because of the at- 
tenuation of the highs around corners and through doors. 

Now, let us consider music for listening. There are those 
who profess to listen for technical excellence only, rather than 
for enjoyment of the music. These people are thus losing 
the real and original purpose and meaning of music. 

We have a friend who has a rather elaborate system. He 
had a very excellent idea for improving his system. He 
wanted to hire an engineer to work on a device that would 
track a record, detect the ticks and pops, generate a 180° 
out-of-phase series of ticks and pops, feed it through a relay 
circuit, and inject it at the correct time to oppose the ticks 
and pops picked up by the regular needle feeding his ampli- 
fier. He already had scratch filters, noise suppressors— 
everything. “Why do you want to do this?” we asked. “I 
want the system to sound as lifelike as possible,” he said. 
“What do you think?” We said, as politely as possible, that 
it would be better, if he wanted realism, to spend his money 
on a season ticket to the Philharmonic. However, this mat- 
ter of preferring to listen to recordings rather than buy a 
ticket to the Philharmonic has some merit. First, we can 
listen over and over to a selection that stirs us; second, such 
a recording is usually made with the microphone placed in 
an optimum listening position. 

Now, what about stereophonic or, as it has been popularly 
mislabeled, “binaural” reproduction? With a wide-band 
(50-15-kc), three-channel stereophonic system of low dis- 
tortion, we can do an excellent job of realistic reproduction— 
that is, if we have the time, the patience, the source, and the 
acoustic knowledge of how to do it. (Incidentally, this type 
of reproduction is not new. It was first done in the 1880’s in 
Paris, and later done very well in 1933 from Philadelphia 
to Washington, with three-channel transmission of the Phila- 
delphia Orchestra.) 

But, even a three-channel stereophonic system heard in 
the next room loses most of its identity, because this effect 
depends on the acoustic pattern in the reproducing room 
itself, and what is heard through a doorway is in reality only 
a single-channel sound, coming from the doorway. A bit 
of reflection shows why: the door is in reality a sort of point 
source. Do we then want to spend money on a stereophonic 
system? If we wish to reproduce music for attentive listen- 
ing, then we should consider multichannel sound-reproducing 


equipment. But actually most of us spend more time pas- 
sively listening to background music than attentively listen- 
ing to particular programs. Very often an evening planned 
for home music appreciation becomes instead a purely social 
affair with a stack of records and lots of talk. Listening to 
the music becomes a secondary thing. The stack of records 
soon runs out, and the radio is turned on instead. 

Therefore, Ampex has developed a device for the home 
music enthusiast—a tape reproducer that will play continu- 
ously day after day, if desired, until it is shut off. The 
maximum program length is eight hours before a repeat. 
This is the Model 450 tape reproducer. It does not record. 
It uses 4-in. tape wound on 14-in. reels. The tape is pre- 
recorded on two half-tracks, one in each direction, and with 
a subaudible 25-cps signal recorded on the tape to give auto- 
matic reversal at the end of each 4-hour period. The tape 
speed is 334 ips, and the machine has a flat frequency re- 
sponse which is down no more than 4 db at 7,500 cps. 

Right now its principal uses are for commercial back- 
ground music installations in restaurants, factories, funeral 
homes, offices, skating rinks, and the like. Prerecorded 
tapes in 8-hour lengths are available either for outright pur- 
chase at about $65.00 each (this is less than an equivalent 
time on LP’s) or for lease. 

In order to make such a system commercially practicable, 
it is obvious that some means had to be devised to make 
prerecorded tapes available at a reasonable cost. Equipment 
has been designed, and is commercially available, that can 
duplicate 10 hours of taped program material in less than 
120 seconds! As yet the amount of such prerecorded pro- 
gram material is not large, but two of the major recording 
companies are producing prerecorded tapes. 

To summarize, since music plays so vital a part in our 
everyday lives, we should give serious thought to incor- 
porating a well-designed music system in our homes. A 
better than average understanding of room acoustics is neces- 
sary in laying out any successful music system—in the home, 
theater, or restaurant. If we consider the total hours of 
music, background music in the home is predominant. Re- 
corded tapes for listening are capable of having lower dis- 
tortion, and wider frequency response, than discs. Further- 
more tape recordings don’t get noisy with repeated playings, 
and they never wear out. For commercial uses, magnetic 
recording techniques have replaced the majority of discs, 
and for the past two years have been used for the production 
of motion picture sound. Currently Cinerama and Cinema- 
Scope’s “The Robe” are using magnetic playback. Com- 
mercial uses always seem to lead the way for private use. 
Hence we can expect the home of the future, starting with 
the present, to have tape reproducers incorporated with the 
home musical decorations. 
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A Composite Recording System for Studio or High-Fidelity Applications* 


Oxtver Reapt 
Radio & Television News and Radio-Electronic Engineering, New York, New York 


The audio engineer or the professionally minded audio enthusiast can increase the versatility 
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of high-fidelity components by using broadcast techniques. A composite system is described 
wherein facilities are provided for both monaural and binaural recording, playback, and dubbing 


of tapes and discs with full monitoring and other features. 


ik laaaepge ARE many occasions when a wide assortment of 

standard audio components are required in applications 
of recording, dubbing, and playback, in addition to the 
various laboratory setups required for the study of audio. 
In the past, components designed for use in the recording 
studio were generally selected from those designed for broad- 
cast service. With the advent of the high-fidelity era, there 
have appeared on the market many audio components that 
rate favorably with equipments designed expressly for 
trouble-free broadcast service. 

The system to be described was needed for the study of 
the recording and reproduction of sound, making use of 
several components, all of which are currently enjoying 
popularity on the high-fidelity market. This system was 
to provide complete facilities for both tape and disc record- 
ing, and both monaural and binaural channels were to be 
readily available for the study of so-called 3-D effects and 
techniques. 

In order to provide maximum flexibility of the system, 
it was decided that all principal components should be set 
up for duplicate channels, with a wide choice of inputs and 
with complete facilities for the patching of circuits through a 
centralized jack field. Figure 1 shows the mounting of the 
tape recorders, the preamp-equalizers, the FM-AM tuners, 
and the jack field. The monaural tape recorder is the 
Concertone NWR, and the binaural recorder is the Magne- 
corder PT6BN. Two preamp-equalizers having similar 
characteristics are provided. One is the Craftsmen C300, 
the other the Fisher 50C, both of which have complete 
facilities for full equalization of the treble and bass. In 
addition, both are provided with a loudness control which 
does, on occasion, have some advantage for low-level 
listening. 

Two R195 Par-Metal relay racks are employed to mount 
the equipment, and all components are modified for standard 
rack mounting. Directly below the binaural tape amplifier 
is the control panel for the presetting of various components 
so that a combination thereof may be readily controlled by 


* Presented at the Fifth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-17, 1953. 
t Editor and assistant publisher. 
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Fic. 1. The relay rack (left) contains a Concertone NWR tape 
recorder, a Magnecorder PT6BN binaural tape recorder, a relay 
control panel, a Fisher 50A amplifier, a Stephens 500D amplifier, 
and a 6-vy de supply. The second rack contains the VU panel, a 
Craftsmen ©10 tuner, a Fisher 50R tuner, a Fisher 50C preamp 
equalizer, a Craftsmen 300 preamp-equalizer, the jack field, a modi- 
fied Pickering 230H, a Craftsmen 500 amplifier, and a McIntosh 
50W2. 


one master switch. The single control shown below the jack 
panels is the master gain ladder attenuator; above the C10 
tuner are the two VU meters, one connected permanently 
to the bridging bus, and the other through the attenuator 
to the power jack panel. 

All components (Fig. 2) are accessible for rapid main- 
tenance and are rack-mounted in proper sequence for proper 
wiring. Following good engineering practice, all signal 
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Fig. 2. All low-level and line-level circuits are bunched and laced 
and are secured in the relay rack (left channel), and the power 
level and relay control leads are placed within the opposite channel. 
Intereonnecting cabling terminates to the barrier strips. The rack 
on the right contains essential test equipment. 


circuits are grouped as to volume level, namely: low level, 
line level, and power level. All low-level circuits are 
bunched and laced and are secured within the left-hand 
channel of the relay rack in the front corner. Similarly, all 
line-level circuits are bunched and laced and are secured 
toward the rear of the left-hand channel. Power-level cir- 
cuits are contained on the right side of the relay rack where 
complete isolation is afforded and where danger of crosstalk 
is eliminated. The right-hand channel also mounts the 6-v 
dc relays which are switched from the control panel of the 
adjacent rack; alternating current is fed from the channeled 
outlets through the relay contacts and to the equipment. 
This technique not only removes the hum possibilities from 
long-draping ac leads but also permits easy removal of a 
component should servicing be required. 

The circuits are also divided in the jack field according 
to level. The top strip contains all the low-level jacks; the 
center row, the line-level and power-level jacks; and the 
bottom row includes remaining circuits at power level. All 
low-level inputs are connected to the lower left-hand ter- 
minal block seen at the bottom panel of the rack. These 
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circuits feed through the low-level normalled jacks to the 
two preamp-equalizers. The other circuits at line level and 
at power level connect in similar fashion to their respective 
strips. Continuity and other measurements are readily 
made either at the jacks through patch cords or at the 
various terminal blocks. 

All circuits are carried through two-conductor, shielded 
cable with overall insulation. Grounding procedures follow 
best engineering practice for the avoidance of ground loops. 

All connections between racks terminate to the barrier 
strips. The cables were removed in order to photograph the 
rear of the two racks. 


CIRCUITRY 


Most of the commercial high-fidelity preamp-equalizers 
now on the market provide five input channels (Fig. 3) with 
selection of any individual channel by means of a switch. 
In the case of magnetic cartridges, provision is also made 
to equalize properly the characteristics of the cartridge. In 
addition, provision is made for setting the level of each 
individual input. 

Equalization is also provided to match the recording 
characteristics of the various records, and additional equal- 
ization is included for both bass and treble. 

Conventional preamp-equalizers falling in this category 
are all provided with an output gain control, and usually 


Fie. 3. Wiring to the three jack panels is arranged to group 
signal circuits as to low ievel, line level, and power level. All cir- 
cuits use two-conductor shielded cable with overall sleeving or other 
insulation. Grounding is usually made to the jack frames. 
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Fie. 4. Typical normalled cireuitry of the system using double 
jacks. 


the circuit terminates to a cathode follower designed to feed 
into a load of at least 100,000 ohms. Two separate preamp- 
equalizers are included in this system. The individual 
outputs terminate to a dual pot which is used as a level 
control and provides a simple means of feeding two signals 
to the grid of the line amplifier. The line amplifier in this 
particular system is a modification of the Pickering 230H, 
which is inherently hum-free and highly stable. Phono 
equalization was removed, and the output was modified to 
include a plate-to-line transformer having a 600-ohm 
secondary. 

A ladder-type attenuator is used as a master gain control 
having constant impedance of 600 ohms in both directions. 


BRIDGING BUS 


Following standard design for commercial audio-broadcast 
systems, the bridging bus was designed for a 600-ohm 


S 


impedance. The value of TR (see Figs. 4 and 5) is 
determined by Ohm’s law for parallel circuits and is 
necessary whenever high-impedance circuits are bridged 
across the bus. All components bridged to the bus have 
an input impedance greater than ten times the impedance 
of the bus. 

Because the system was to be used for binaural as well as 
for monaural service, it was decided ‘hat all principal com- 
ponents be duplicated (with additional spares) to make up 
the two-channel system. A typical playback channel, shown 
in Fig. 4, shows the extensive use of double (normalled) 
jacks. The same circuitry is employed for additional chan- 
nels, as shown in Fig. 5. Mixing is accomplished in a some- 
what unorthodox manner. Because not more than any two 
input channels are required at any one time, the usual console 
and mixer are dispensed with and mixing is accomplished by 
utilizing the gain controls of the two preamp-equalizers. 
Inputs are chosen by means of the selector switches and for 
monaural use are mixed at LA and fed to the remainder of 
the system. 

For binaural use, patch cords are inserted at the output 
jacks of the preamps and are then patched to any other 
equipments required for either recording or playback. For 
example, a tape from a binaural broadcast may be recorded 
by employing tuners T1 and 72, which are fed to the indi- 
vidual preamps and with the outputs of these two preamps 
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T-FM-AM TUNERS OE -DISC. DIA. EQUALIZER 
M - MICROPHONE (Hi-Z) H- 
P -PHONO PICKUPS L - OUTPUT MATCHING TRANS. 
S—- SPARES C-MAGNETIC CUTTERS (SOON) 
®-E — PREAMP—EQUALIZERS TR - TERMINATING RES. 7411. 
TAM - MONAURAL TAPE REC. PA-POWER AMP | 
TAB - BINAURAL TAPE REC. 68 - BRIDGING BUS 
LA—LINE AMPLIFIER : OSC.- WEATHERS FM OSC. 
MG- MASTER GAIN CONTROL N-MATCHING NETWORK 
MU-MULTIPLE JACKS 
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vo SINGLE JACKS 
V"T— SINGLE JACKS NORMALLED 
““"TLY_YT™ DousLE JACKS NORMALLEO 
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Fic. 5. Simplified block diagram of the composite system. A combination of switching and patching provides a wide choice of combina- 
tions of circuits for recording, dubbing, and playback. 
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20-DB BRIDGING PAD = 


Fic. 6. Bridging pad permits PT6BN microphone (50 ohms) 
inputs to be fed from preamps or bridging bus. 


patched directly into channels 1 and 2 of the binaural tape 
recorder. Monitoring of the tape during the recording may 
be done by using a conventional binaural headset, or the 
outputs may be fed to two separate loudspeakers. 

Playback of the binaural tape may be had either by using 
the power output connections of the PT6BN directly to 
separate speakers or by using the preamp selector switches 
to connect from the 600-ohm line level channels of the 
equipment. The two preamps are then patched to two power 
amplifiers. Normally, the Magnecorder PT6BN is supplied 
with balanced 600-ohm output. This was modified in this 
system to an unbalanced connection. Another modification 
was made to the microphone inputs in the form of a matching 
pad (Fig. 6) so that the two 50-ohm microphone inputs 
would be suitable for bridging purposes. The loss of the pad 
is approximately 20 db. This technique permits the use of 
the Magnecorder out in the field with 50-ohm microphones 
or permits substitution of the matching networks as bridging 
inputs. It is then possible to feed the outputs of the indi- 
vidual preamps directly to channels 1 and 2 of the binaural 
equipment when mounted in the studio racks as shown. 


MONAURAL RECORDING 


The Concertone NWR tape recorder is provided with a 
high-impedance input as well as a balanced low-impedance 
input. The former is used and has an impedance of 10,000 
ohms unbalanced which lends itself perfectly for use with 
an unbalanced bridge. Because of the high stability of the 
amplifier circuit of the NWR, the output signal may be taken 
directly from one-half of the secondary of the output trans- 
former, or the transformer leads can be modified for an 
unbalanced output. During recording, the signal is taken 
directly from the bridging bus, and the output either is fed 
to a headset or is patched to a spare amplifier for monitoring. 
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Facilities are provided for direct switching on the NWR, 
so that the signal may be monitored as it appears at either 
the input or the output of its amplifier. 


POWER AMPLIFIERS 


There are four separate power amplifiers (Fig. 5) em- 
ployed in this system, all of which are fed directly from the 
bridging bus. Preset level controls are included in these 
items, and each amplifier is adjusted to provide the power 
gain necessary for typical applications. For monaural disc 
recording, the 500D Stephens OTL amplifier feeds directly 
through a normalled jack to either of the 500-ohm cutters. 
It was found that an amplifier having the characteristics of 
the OTL was ideally suited for driving a magnetic cutter. 

Monitoring of the recording may be had by means of the 
headset or any one of the other power amplifiers of the 
system. If it is desired to monitor from the Stephens 500- 
ohm speaker system, the cutters are driven directly from 
the McIntosh 50W2 amplifier by patching into its 600-ohm 
output; or the other amplifiers can be used with the line-to- 
voice coil transformer in reverse. 

By presetting the gain of the 50W2 and the 500D, a 
standby amplifier is always at hand in case of failure of the 
amplifier driving the cutters. Note that the C500 Crafts- 
men amplifier and the Fisher 50A amplifier outputs are 
normalled to 16-ohm 10-w resistors to provide essential 
loading when not driving the playback speakers, etc. 

A diameter equalizer may be patched into the disc re- 
cording circuit where required. Other miscellaneous com- 
ponents include a line-to-voice coil transformer which may 
be patched when needed to connect various combinations 
of loads, and a hybrid transformer to isolate 600-ohm lines 
when required. 


GROUNDING 


A heavy copper ground cable connected between a cold- 
water pipe and the system is essential for hum-free operation. 
Grounding is accomplished in the accepted manner for this 
type of equipment by giving priority first to the jacks at 
the patch bay and then to the remaining equipment in order 
of level. As mentioned previously, two-conductor shielded 
and insulated cabling is employed. Grounding of any one 
circuit is usually made at only one point. As a further 
precaution, the patch cords are grounded at one end only. 
This offsets any possibility for the creation of a ground 
loop when the patch cords are used. 


CONCLUSION 


Although the system described was designed for one 
specific application, it lends itself to further modification 
or additions for the sound recording studio, for demonstra- 
tion systems, and for the transmission laboratory. Because 
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standard and easily obtained components are included, it will 
serve as a basic system to provide flexibility with popular 
components. 

With the addition of cueing and talkback circuits and a 
microphone mixer system, it would serve admirably in the 
recording studio. And there are a few hidden advantages 
to the jack system. By standardizing on the patch cord 
for the interconnecting of circuits, a great deal of time may 
be saved in the experimental audio laboratory in rearranging 
a sequence or for special applications of components to meet 
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an immediate need. There is a great lack of standardization 
of connectors in various audio equipments, and in this par- 
ticular system no two amplifiers employ the same type of 
jacks or output connectors. A careful study of the circuitry 
will show that audio measurements of all kinds are easily 
made at various pcints in the system. Although it is some- 
what expensive to produce, the system does meet the require- 
ments for a composite recording and reproduce system 
having most of the desirable qualities of flexibility and 
convenience. 
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Audio Automatic Volume Control Systems* 


F. W. Rosertst anp R. C. Curtis} 
Dictaphone Corporation, Bridgeport, Connecticut 


Applications for audio automatic volume control circuits are listed and categories defined. 
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Circuits are broken down into their elements and discussed separately. Control elements described 
include pentodes, saturable reactors, nonlinear diodes, positive and negative temperature coefficient 
resistors, and mark-space devices. The thump present in single-ended systems is pointed out, 
and several means for its elimination are described. These include push-pull circuits, bridge 
circuits, cascaded stages with networks between, and cross-connected suppressor-controlled pentodes. 
Means for obtaining control voltage are outlined, and the advantages of doubler circuits enumerated. 
Filter circuits are treated in a discussion of the problems incurred in securing fast operate time. 
Both forward- and backward-acting circuits are shown and compared from performance and cost 


standpoints. Measurement techniques are briefly described. 


F eaiearrcnninigns volume control (AVC) circuits for radio 

receivers are familiar to audio engineers. However, 
the use of automatic volume control in audio systems is 
less generally understood. Some of the applications where 
AVC is used in audio systems are: 


1. To prevent overcutting in disc recording or over- 
modulation in film recording. 

2. To reduce program volume range in order to increase 
the signal-to-noise ratio in limited-range recording systems. 

3. To prevent overmodulation of radio transmitters. 

4. To prevent overloading of amplifiers in sound trans- 


‘ mission systems. 


5. To maintain output more nearly constant in public 
address systems. 


This paper will treat the elements of AVC amplifiers 
separately. We will discuss methods of control, thump in 
single-ended systems, methods of obtaining control voltage, 
and time-constant circuits. Measurement techniques will 
also be described briefly. 

First a definition of terms is necessary (see Fig. 1). 
Amplifiers in which the AVC operates over practically all 
the range will be referred to as compressors, with the degree 
of compression designated by the slope of the curve. In the 
figure, the 45° line represents an amplifier without compres- 
sion. An amplifier which compresses an input signal of 40 
db into 20 db is called a 2:1 compressor. Similarly, an am- 
plifier compressing 40 db into 10 db is called a 4:1 com- 
pressor; and an amplifier which holds the output constant 
with varying input is a flat compressor. Control range is 
defined as the input range over which compression is effec- 
tive. A limiter amplifier is one in which AVC does not take 


* Presented at the Fifth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-17, 1953. 
+ Director of Engineering and Research. 
+ Chief Electronic Development Engineer. 
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Fig. 1. Generalized compressor and limiter curves. 


place until a predetermined level has been reached, after 
which point there is little or no change of output with input. 

Audio signals may be compressed by many different 
methods which are described in the literature. However, in 
practice, remote cutoff pentodes are most commonly used. 
The gain of a pentode may be varied by changing dc grid 
bias. With careful design, the gain of a single pentode stage 
can be varied approximately 40 db (see Fig. 2a). If Eave, 
a varying dc voltage, is made proportional to some function 
of the signal, the stage will compress over its entire range 
with the slope dependent on the circuit which supplies E,yo. 

AVC circuits are not instantaneous. They cannot follow 
or compress every syllable of speech without destroying 
naturalness and intelligibility. Experience has shown that 
AVC systems should compress rapidly, preferably in several 
milliseconds to prevent overshoot, but such systems should 
restore gain upon cessation or diminution of signal in 200 
msec or more. 

If a compressor is to operate in 1 msec, the control direct 
current must have reached its full value in 1 msec. The de 
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Fig. 2. (a) A typical pentode control stage. (b) Output wave 
form showing thump component. 


Eave 
Fig. 3. Triode used as variable resistor in feedback circuit. 


voltage would have a wave front equal to that of a 250-cps 
wave and can be considered to be an additional signal 
applied to the grid of the tube. This causes a shift of the 
zero axis in the amplifier, the duration of which is deter- 
mined by the If response of the amplifier following the com- 
pressor. This zero shift, which causes a disagreeable audio 
“thump,” is shown in Fig. 2b. It will be noted that, because 
of the thump, the first half-cycle of signal is higher in ampli- 
tude than it would have been without compression. Such 
thump, present in many single-ended compressor systems, 
is undesirable, and means for its elimination will be dis- 
cussed later. 

Figure 3 pictures a feedback type of control in which 
Eave is used to control the piate resistance of a triode con- 
nected in a feedback loop.’* This circuit does not have as 


1 Charles C. VanCott, Limiting Amplifier, U. S. Pat. 2,283,241 (May 
19, 1942). 
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wide a range of control as that of Fig. 2, inasmuch as the 
resistance range of a triode is limited. This system also 
has thump. 

The circuits of Figs. 2 and 3 add gain; that is, they are 
not loss systems. By contrast, the three circuits of Fig. 4 
are losser systems. In Fig. 4a a triode is used as a variable 
resistance in an L pad.®° This system thumps. Figure 4b 
uses rectifiers as the variable element in an L pad. The 
forward resistance of diodes—thermionic, germanium, sili- 
con, selenium, and copper oxide—may be varied by applica- 
tion of direct current. This system does not thump if the 
bridge is balanced. 

Figure 4c shows another attenuator system in which the 
elements are inductors. The shunt arm is a saturable re- 


Earc yp __ 


(c) 


Fig. 4. Variable loss networks: (a) triode as variable resistance; 
(b) biased diodes in balanced bridge arrangement; (c) saturable 
core reactor as variable element. 
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Fic. 5. Control action in mark-space system, 


2H. J. Schrader and J. M. Brumbaugh, Wave Translation Device, 
U. S. Pat. 2,343,207 (February 29, 1944). 

3 E. E. Schroeder, Limiting Amplifier System, U. S. Pat. 2,497,691 
(February 14, 1950). 

4D. E. Maxwell, Automatic Gain Adjusting Amplifier, Tele-Tech, 
6, 34 (February, 1947). 

5 William Moulic, Using Series Tubes as Control Impedances, Elec- 
tronic Industries, 3, 49 (January, 1944). 
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(e) (4) 
Fic. 6. Signal-actuated attenuator networks: (a) incandescent 
lamp as variable resistance; (b) negative temperature coefficient 
resistor; (c) Thyrite; (d) wave forms in circuit of (c). 
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Fic. 7. Push-pull cireuit for reduced thump. 
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actor in which the inductance is made to vary by passing 
direct current through a winding to saturate the core. Such 
inductors are now available with a range of 200:1, giving 
40 db of control. If the windings are carefully balanced, 
the application of direct current induces no voltage in the 
ac winding, with the result that this system is thump-free. 

Figure 5 diagrammatically illustrates a system which 
might be called the mark-space system.® It chops the signal 
to be compressed at a supersonic rate, the mark-space ratio 
of which can be varied. It can be shown mathematically 
that as the on-time is decreased the signal transmission is 
also decreased. This system has the advantage of a control 
characteristic which is not dependent upon the shape of the 
control tube characteristic. 

The control systems shown have all required the applica- 
tion of direct current for control. By contrast, the circuits 
shown in Fig. 6 are signal-actuated. Figure 6a shows an 
incandescent lamp, the resistance of which varies with 
temperature. For small applied signals, the lamp remains 
cold and the resistance low. The filament temperature, and 
hence the resistance, increases with signal, thus producing 
attenuation. The control range of this circuit is small and 
the operate time slow, owing to the filament thermal inertia. 
Release time is likewise dependent upon thermal inertia. 
OH. E. Haynes, New Principle for Electronic Volume Compression, 


J. Soc. Motion Picture Television Engrs., 58, 137 (February, 1952) ; 
reprinted in Radio Electronic Engineering, 48, 7 (November, 1952). 
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Control System, U. S. Pat. 2,444,676 (December 29, 1944). 


Figure 6b shows a negative temperature coefficient re- 
sistor such as a Thermistor. With this circuit, increasing 
signal current lowers the resistance, thus increasing attenua- 
tion. Again, thermal inertia governs the operate and release 
times. These two circuits are free from thump, for no dc 
control wave is present. 

All the compression circuits described thus far have time 
constants. By contrast, the circuit of Fig. 6c compresses at 
a cyclical rate. It consists of an L pad in which one arm 
is a material such as Thyrite, the resistance of which in- 
stantaneously varies inversely as some power of the current. 
This circuit rounds off the top of each wave, as shown 
in Fig. 6d. The higher the amplitude of the input wave, 
the greater the rounding. This wave-top compression 
results in odd harmonic distortion which is not too disturb- 
ing in some applications. When using such circuits, care 
must be taken in the design of the amplifier stages following 
the compressor to insure against nonlinear phase shift 
which would change the rounded tops of the wave to spikes, 
causing amplifier or system overload. This system has 
no thump. 

The thump which occurs in some of these circuits can be 
eliminated or minimized by making circuits push-pull, as 
shown in Fig. 7. E,vyc is introduced longitudinally, resulting 
in a plate current change in the same direction in each of 
the pentodes, which are coupled to two triodes. The longi- 
tudinal disturbance due to E,yc is cancelled in the plate 
transformer. Triodes are generally used fullowing the pen- 
todes to avoid a costly high impedance transformer built to 
match pentode output. The degree of thump cancellation 
depends upon the match of the two pentodes, which means 
that the control characteristics of the two tubes should be 
carefully matched by tube selection and means provided for 
balancing. Un-bypassed common screen and cathode re- 
sistors help to balance the circuit. 

Sometime ago we, at Dictaphone, set out to design a 
thump-free AVC circuit which would not require the use 
of any transformers.’ The circuit of Fig. 8 now used in our 
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Fie. 8. A double triode combiner stage eliminating the trans 


formers of Fig. 7. 


7F. W. Roberts and R. C. Curtis, Sound Recording and Reproducing 


eas Pe 
| 
-\ lax 
a 
Eave ! . 
a ES 
re 
% 
ta 
: 
o: 
5 
ty 
=a 
: 
; A : 
: 3 =) 
} 6 
; a 


Fic. 9. Thump elimination by cireuit of Fig. 8: (a) with thump 
balanced; (b) thump tube removed from circuit. 
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Fic. 10. Caseaded single-ended control stages with divider for 
thump reduction. 
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recording machines is the result of that project. The plates 
of two pentodes are connected to two triodes cross-coupled 
by a very large un-bypassed cathode resistor. A signal 
applied to one triode grid will appear in opposite phase at 
very nearly its original value on the other by cathode- 
follower action. In-phase signals applied to both grids will 
very nearly cancel in the triode plate circuits. 

Note that E,yc is applied to both pentodes, but signal is 
coupled to one grid only to avoid a push-pull input trans- 
former. Both pentodes have in-phase thump in their plate 
circuits which is cancelled in the combiner stage as effec- 
tively as in a transformer. Inasmuch as the combiner stage 
does not have unity cross-coupling, control B is provided 
to adjust the thump level for complete cancellation. Control 
A is a phase balance. Its value and the value of the asso- 
ciated capacitor are chosen to match the impedance of the 
signal source. Balance is achieved by introducing a signal 
in series with the E,yc and adjusting controls A and B simul- 
taneously for cancellation in the amplifier output. These 
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controls need be readjusted only when the pentodes are 
replaced. 

The oscillogram, Fig. 9a, shows how well the thump 
component is cancelled in this circuit when a 3-v bias is 
applied to the AVC input, providing approximately 10 db 
of compression. A constant 1,000-cps tone was applied to 
the signal input. Figure 9b was made under the same con- 
ditions with the thump cancelling tube removed. 

Thump cancellation may be achieved by means other 
than balanced push-pull circuits. Figure 10 illustrates a 
circuit in which E,ye is applied to the grids of two cascaded 
stages. The thump present in the first stage is out of phase 
with the thump of the second stage. By proper choice of 
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Fic. 11. (a) A suppressor grid-controlled pentode stage. (h) 
Thump elimination by cross-connecting pentode plates and screens, 
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Fie. 12. AVC circuits: (a) backward-acting; (b) forward act- 
ing; (¢) refinement of (b). 
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Fig. 13. Reetifier cireuits: (a) half-wave; (b) half-wave doub- 
ler; (¢) full-wave doubler; (d) full wave. 


loss between the stages, effective thump cancellation may be 
achieved.* In such circuits it is sometimes desirable to use 
different time constants for each of the grid circuits, or 
different amounts of E,yc may be applied to the grids. 
Circuits of this type, requiring few components, achieve large 
control ranges at low cost. 

A pentode suppressor grid has very interesting control 
characteristics. When suppressor grid bias is changed, the 
tube gain is changed without varying the cathode current. 
Suppressor bias varies the division of current between plate 
and screen. The circuit of Fig. 1la may be used as a com- 
pressor but will thump. However, if two such suppressor- 
controlled stages are cross-connected, as shown in Fig. 11b, 
thump cancellation is achieved.*"! The screen of tube 1 is 
connected to the plate of tube 2, and vice versa. With in- 
creasing negative suppressor bias, the plate current of tube 
1 decreases and the screen current of tube 2 increases an 
equal amount with no resultant change of current in the 
output circuit and hence no thump. R is a balancing control. 

The foregoing description has briefly covered the most 
generally used control systems. The next problem in de- 
signing an AVC system is to choose a method of obtaining 
Exsyc. There are two general types of circuits, illustrated by 
Figs. 12a and 12b. Figure 12a illustrates a backward-acting 


8S. A. Scherbatskoy, Amplifying Apparatus, U. S. Pat. 2,376,195 
(May 15, 1945). 

9W. H. Stevens, Variable Slope with Constant Current, Wireless 
Eng., 21, 10 (January, 1944); abstracted in Electronic Industries, 
3, 176 (March, 1944). 

10 A. N. Butz, Jr., Surgeless Volume Expander, Electronics, 19, 140 
(September, 1946). 

114. A. Tomkins, Surgeless Volume Expansion, Wireless World, 
LIV, 234 (June, 1948). 
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circuit in which a portion of the output voltage is rectified, 
filtered, and fed back for control. This circuit is low in cost, 
since it does not require additional stages. The control slope 
is practically independent of control-tube characteristic, 
owing to the fact that the circuit is a feedback system.” 
For the same reason, the operate time must be kept fairly 
long in order to prevent motor-boating. The slope of the 
control characteristic depends upon the loop gain. 

Figure 12b illustrates a forward-acting control circuit in 
which the signal to be used for control purposes is taken 
from the control amplifier input. It requires an amplifier 
in addition to the circuit components of the circuit shown in 
Fig. 12a. Motor-boating problems are eliminated inasmuch 
as it is not a feedback system; hence its operate time may 
be made as fast as desired. The control slope is determined 
by the AVC amplifier gain. 

Figure 12c illustrates a refinement of the circuit of Fig. 
12b, in which a portion of E,yc is applied to a pentode in 
the AVC amplifier."* This is an effective way of controlling 
slope and has the advantage of increasing the range of the 
system because the backward-acting E,yc increases the 
signal-handling capabilities of the AVC amplifier. 

Practically any type of rectifier circuit may be used to 
supply the dc control voltage shown in the foregoing circuits. 
However, certain circuits have marked advantages. Several 
of the more commonly used types are shown by Fig. 13. 
Any diodes with low back current may be used. 

Figure 13a is a conventional half-wave circuit; Fig. 13b 
is a half-wave doubler circuit; Fig. 13c is a full-wave 
doubler; and Fig. 13d is a conventional full-wave circuit. 

Full-wave circuits with a ripple frequency of 2f have a 
big advantage over half-wave circuits with a ripple frequency 
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(b) 
Fic. 14. Time constant of rectifier-load circuits: (a) simple R-C 
load; (b) dual-time constant load. 


12 B. M. Oliver, Automatic Volume Control as a Feedback Problem, 
Proc. Inst. Radio Engrs., 36, 466 (April, 1948); also correction in 
Proc. Inst. Radio Engrs., 38, 904 (August, 1950). 

13C, L. Frederick and R. C. Curtis, Electronic Amplifier Control 
System, U. S. Pat. 2,432,878 (January 29, 1945). 
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Fig. 15. Signal delay permits AVC to alter gain before increased 
signal reaches controlled stage. 
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Fic. 16. Compression characteristics of amplifier of Fig. 17a. 
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of 1f. The full-wave circuits hence require only half the 
filtering, which means that rapid operate times are easier 
to achieve. 

The doubler circuits have the advantage of doubling the 
direct current available from the ac input. Doublers thus 
permit lower signal loop gains, reducing the motor-boating 
problem in backward-acting circuits. A full-wave doubler, 
as shown in Fig. 13c, combines the advantages of Figs. 13a 
and 13b—low ac input with consequent low loop gain and 
minimum filtering permitting faster operate time. However, 
as will be noted, this circuit has no common line, which 
means that a transformer must be provided for isolation. 

As stated earlier, AVC circuits should not be instantaneous 
and hence they require time constants. Figure 14a illus- 
trates a simple time-constant circuit. The combination of 
C and R, determines the operate time. Resistance, Rj, 
represents the source impedance of the power tube and 
rectifier, here shown as a simple half-wave diode. Resistor 
R determines the release time and is normally large so that 
it has little or no effect upon the operate time. A simple 
calculation will show that, in order to fully charge a con- 
denser, C, of 0.1 wf in 1 msec, a source impedance of ap- 
proximately 500 ohms is required. The need for a power 
tube to drive the rectifier is apparent. If R is made 250,000 
ohms, the release time will be greater than 250 msec, a 
desirable value. 

Figure 14b shows a dual time-constant circuit which has 
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fast operate time without the necessity for extremely low 
source impedance."*'5 (C, is made small and hence charges 
rapidly. Cz, is large and charges more slowly through the 
added series resistor, R2; C2 discharges through the series 
circuit of R; and Re, determining the release time. 
Shortening the operate time is not the only solution to 
the problem of initial overshoot. Figure 15 illustrates an- 
other approach to the problem. In this circuit a time-delay 
network with a delay time equal to the operate time of the 
AVC circuit has been connected ahead of the compressor. 
Such circuits are remarkably effective but admittedly costly. 
In designing a complete AVC system, cascaded stages may 
be used whenever the desired range of control exceeds the 
capability of a single stage. Figure 16 shows the com- 


Fic. 17. (a) Backward-acting control on cascaded stages. (b) 
Forward-acting control with thump cancellation. 


Fig. 18. Output wave form of amplifier of Fig. 17a. 


14G. A. Singer, Performance and Operation of a New Limiting 
Amplifier, Audio Eng., 34, 18 (November, 1950). 

15 —D. E. Maxwell, Dynamic Performance of Peak Limiting Ampli- 
fiers, Proc. Inst. Radio Engrs., 35, 1349 (November, 1947). 
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Fig. 21. Audio AVC transient-measuring circuits. 


Figure 19 is a photograph of the actual amplifier with 
push-pull 50C5 output tubes. The dimensions are approxi- 
mately 9 by 3%4 by 3% in. Figure 20 shows the machine 

Fic. 19. A commercial audio AVC amplifier used in the machine Of which it is a part. 
of Fig. 20. The discussion thus far has been concerned with control 
circuits. Now a brief discussion of measurement techniques 
is in order. We have found the arrangements of standard 
devices shown in Fig. 21 to be very useful. In Figs. 21a and 
21b, the variable attenuators shown introduce rapid changes 
between preset signal levels. Manual or electronic switching 
circuits may be used.'*"© The oscilloscope shown is a 
long-persistence type equipped for single sweep. A rapid 
sweep is used for measurement of operate times, and a slow 
sweep rate for measurement of release times. A Polaroid- 
Land camera is used to photograph the screen when a per- 
manent record is desired. 

The arrangement of Fig. 21b, using the familiar Brush © 
transient recorder, is very useful for observing operate 
times. The recorder stores the transient and presents it to 
the scope as a recurring signal. The scope pattern may be 

Fic. 20. A dictation and telephone-recording machine using studied, corrections made, and a new transient recorded— 
audio AVC amplifier. all in a very short period. This arrangement is of limited 

use in the study of release times inasmuch as the maximum 
pressor characteristics of an amplifier of this type used in storage time of the Brush instrument is 200 msec. 
a Dictaphone dictating machine adapted for telephone In studying systems with little or no thump, a high-speed 
recording. The AVC compresses an input volume range of electronic counter such as the Berkeley EPUT meter may 
60 db into 15 db, useful in equalizing the recorded level for be used very effectively. With thump present, errors occur 
local and distant voices. The amplifier, Fig. 17a, isa small, as a result of poor If response of electronic counters. The 
compact, low-cost amplifier using backward-acting control output of the amplifier under test is first fed to an adjustable 
with two cascaded pentode control stages. The simplicity gate circuit, set to pass only signals above the final steady- 
of the circuit is evident when compared to Fig. 17b, which state value. Output from the gate is fed to the counter, 
is that of the combiner circuit with forward-acting control. which counts the number of cycles which overshoot. This 
The AVC voltage is obtained from a half-wave doubler figure is a good measurement of operate time. 
rectifier fed from the output transformer. The time con- This paper has treated briefly the individual building 
stants of the two control stages are made different to improve blocks of AVC systems from which the audio engineer can 
thump cancellation. The oscillogram, Fig. 18, shows the choose the elements which best fit his application. AVC 
effectiveness of thump cancellation. The speed of AVC _ circuits are fascinating to work with because of the system 
action is somewhat slower than the ideal, but it is entirely dynamics involved. We hope that others also find them 
adequate for its intended use. Such relatively slow AVC interesting and challenging. 
action is useful only in systems that may be overloaded 
momentarily without ill effects. 


16D. W. Howe, Jr., Improving Program Limiter Performance, 
Electronics, 24, 108 (September, 1951). 
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A New Business Office Dictating Machine Using Magnetic Tape as Recording Medium* 


Samvuet J. Hymant 
Permoflux Corporation, Chicago, Illinois 


OCTOBER 1953, VOLUME I, NUMBER 4 


LTHOUGH there have been many business office dictat- 

ing machines available for a considerable length of time, 
not until recently has there been a great step taken toward 
the improvement of the recording media. Because of the 
type of recording media, it has always been necessary for 
the person transcribing the intelligence to continually observe 
the machine for dictation errors by means of telltale marks 
or various colored lights which could be seen through per- 
forations in the paper. Furthermore, it was never truly 
possible to cover the full frequency-response range required 
to obtain high ratings in articulation tests. 

The art of magnetic recording remained stagnant for many 
years preceding World War II. During World War II, and 
with even greater strides thereafter, magnetic recording 
proved itself to be the answer to many of the problems which 
existed in recording and playback instruments. 

It was not long after wire recorders became available on 
the open market that many people used these instruments 
for business office dictating equipment. Shortly thereafter, 
several magnetic recording machines utilizing wire and in- 
corporating various accessories became available, which 
showed great promise as good business office machines. 

However, wire presented many operational problems. We 
are all familiar with the effects of wire twisting as well as 
the laborious efforts required to unravel the wire once it has 
broken. It was not long before it was realized that magnetic 
recording would be lost to the dictating equipment field 
unless an answer could be found to this major problem. 
With the advent of magnetic recording tape, the office 
dictating machine was at the threshold of new horizons. 

Magnetic tape provides a recording medium capable of 
giving an expanded frequency response with improved 
signal-to-noise ratio which results in a greatly improved 
articulation. With the advent of this new recording medium, 
many other new problems have developed concerning 
methods of handling the reels of tape, instantaneous starting 
and stopping of the tape, and locating intelligence at any 


particular point along the great length of tape and in short 


periods of time. 

The manufacturers of home movie equipment had proved 
that the magazine load camera was the simplest for the lay- 
man to handle. This approach was considered for the 
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handling of reels and tape and was found to be successful. 

The automobile industry has shown for many years that 
a simple shift lever is all the layman needs to propel an 
automobile forward and backward. With the incorporation 
of a clutch and brakes, they also found that they were highly 
successful in giving the layman the means to idle the motor 
and to stop the automobile entirely. These methods and 
techniques were incorporated in the business office dictat- 
ing machine. 

The problem of instantaneous start and stop for the tape 
required a new solution. This resulted in research and de- 
velopment of a pawl mechanism which is capable of starting 
and stopping in such a short period of time that syllables 
can be clipped. Since the magnetic tape must travel at a 
constant speed, it was found that by transmitting some of 
this motion directly from the tape to a gear train which 
rotates an illuminated dial it is possible to get highly accu- 
rate divisions of time. Further, it was found that with this 
method the same spot can be located along the length of the 
tape, regardless from which direction this point is ap- 
proached. 

Since magnetic tape has the inherent capability of being 
erased, an erasing element was incorporated which is ac- 
tivated when in record position and permits the erasing of 
the intelligence on the tape. It is so located that it precedes 
the recording element. This placement offers many advan- 
tages. The magazine with its tape and reels can be utilized 
immediately after transcription without having to be erased 
or obliterated by a secondary piece of equipment. Also, as 
a dictator proceeds with his correspondence and realizes that 
he has made an error, he can erase this error immediately 
and put the desired information at the exact spot or the 
length of the tape where the error originally occurred. 

The simplicity of the mechanics and the electronics in this 
type of device permitted the installation of an accessory 
jack into which a remote start-stop and backspace switch 
with cable and plug are inserted. A second jack was incor- 
porated for the insertion of a plug which terminates in a 
light plastic reproducer which slips over the transcriber’s ear. 
A third receptacle was installed to allow the use of a dynamic 
microphone on which is located a button, permitting the 
instantaneous start and stop of the tape. With these jacks 
and receptacles and the accessories, a highly versatile dic- 
tating machine has become available for business offices. 
The same machine can be used either as dictating equipment 
or as a transcriber. 
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Fie. 1. The Permofiux Seribe. 


A small knife was incorporated above a paper disc which 
aligns itself with the elapsed-time dial. This permits the 
perforation of the disc and, by the illumination of the dial, 
the various beginnings and ends of messages can be located 
with great ease. With the removal of the magazine and the 
paper disc and the reinsertion of both on a second machine, 
a perfect message indicator was realized. The shift lever or 
selector lever, having not only a dictate and listen position 
but also a fast forward and fast reverse, permits the dictator 
or the transcriber to locate any particular message or portion 
thereof in a very short period of time. 

The frequency response required for business office dic- 
tating equipment by no means approaches that of a high- 
fidelity magnetic tape recorder. Actually, as results of tests 
conducted, it was found that neither lows nor excessive highs 
are desirable. The overall frequency response from the 
microphone through the equipment and out of the earpiece 
has a rather humped curve. However, because of the com- 
plete disappearance of needle scratch and the like, the hf 
response can be extended, which, of course, improves articu- 
lation. With this improved articulation, the fact that the 
intelligence on the tape is error free, and the elimination 
of the reactivation or reprocessing of the recording medium, 
an increased output of correspondence per operator per day 
is possible. 

The Permoflux Scribe (Fig. 1) is the original magnetic 
tape dictating machine. The lever at the upper left of the 
front panel is the on-off volume control. Adjacent to the 
volume control and at the center of the front panel is the 
illuminated elapsed-time dial. This dial is calibrated in 
minutes, from 0 to 30. The indicating card is seen at the 
top surface of the elapsed-time dial, and the knob above the 
card contains the knife which perforates the card to indicate 
the beginning and end of each message. To the right of 
the elapsed-time dial is the selector lever. The lever is in 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


the center or neutral position. The heaters of the electron 
tubes are on, but the motor and B+ are off. When the 
selector lever is moved to any of the four operational posi- 
tions—listen, dictate, fast forward, or reverse—a dual micro- 
switch closes, applying power to the motor and the audio 
chassis. 

Directly below the selector lever is a transparent window. 
A flashing volume indicator is located behind this window. 
The volume control lever is adjusted by the dictator so that 
the volume-indicating bulb flashes at peaks. To the left of 
the volume indicator and at the center of the front panel is 
a louvered grill behind which is located a loudspeaker. The 
intelligence on the tape can be heard through this 
speaker. 

The dynamic hand microphone with its cable and plug is 
connected to the machine at the left side. The button on 
the microphone controls the tape movement and can be 
locked in the “on” position. When the machine is being 
used in an office shared by more than one person, a muting 
switch located at the front of the electrical chassis and just 
under the front frame of the case is thrown. This permits 
the dictator to listen to the information on the tape with the 
hand microphone as a loudspeaker. Upon the insertion of 
the earpiece with its associated cord and plug into the re- 
ceptacle at the right-hand front side of the machine, the 
audio output is connected to the earphone and the loud- 
speaker is muted. 

At the lower right-hand corner of the photograph is the 
footswitch. In the neutral position or at rest, the motor is 
idling. The B+ is on; however, the tape does not move. 
When the transcriber depresses the right side of the foot- 
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Fic. 2. Magazine of the Permoflux Scribe. 
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Fic. 3. Capstan, ratchet, and flywheel assembly (exploded view). 


switch with her foot, the tape is transported. When the 
pressure is removed, the tape stops. When the transcriber 
depresses the left side of the footswitch, the selector lever 
automatically moves to fast reverse position and the tape is 
reversed for the period of time that the pressure is on that 
portion of the switch. Upon removal of the pressure from 
the left side of the footswitch, the selector lever automati- 
cally moves back to the listen position and the tape stops. 

The magazine is seen at the top and rear of the machine. 
It snaps into place and becomes an integral part of the 
machine. The two transparent windows permit the observa- 
tion of the tape reels. At the center front of the magazine 
is a tabular paper which permits the dictator to identify any 
recording as indicated by the elapsed-time dial. 

The magazine (Fig. 2) contains two 5-in. plastic tape 
reels. The supply reel is located at the left side of the 
magazine. With tape speed of 334 ips, a 30-minute elapsed 
time is realized. The capstan pressure roller and the tape 
guide pulleys are mounted on a tape-moving bracket which 
engages a cam follower in the machine. When the selector 
lever is moved to the dictate or listen position, the cam fol- 
lower applies pressure to the tape-moving bracket which in 
turn engages the pressure roller and tape to the capstan and 
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to the recording and erase elements on the recording head. 
When the selector lever is put in dictate position, the color 
of the illuminated elapsed-time dial changes from white 
to red. 

The instantaneous stop and start of the capstan (Figs. 3 
and 4) is accomplished by a capstan pawl engaging any 
one of four teeth on the flywheel. When the capstan relay is 
energized, its armature engages one of four points in the 
capstan ratchet plate. This causes the capstan pawl to 
retract from the flywheel and locks the capstan in a fixed 
position. The flywheel continues to rotate, and the fiber 
buttons, behind which are located compression springs, 
continue to apply some torque to the capstan which main- 
tains the capstan pawl disengaged from the flywheel. When 
the relay is de-energized, the armature pulls out from the 
capstan ratchet plate and the pawl once again engages any 
one of four teeth on the flywheel. Power is then transmitted 
in rotating motion to the capstan. 

The machine with its case removed (Fig. 5) permits the 
observer to see the amplifier chassis and the mechanical 
chassis with the record playback head preceding the capstan. 
Power is transmitted to the right- or left-hand turntables 
either directly or through slip clutches by a rubber-covered 
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Fic. 4. Motor and flywheel assembly with capstan control relay. 
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drive wheel. This drive wheel is located between the two 
turntables. In listen and dictate positions, the lower flange 
of the drive wheel transmits torque to the lower clutch drum 
of the right-hand turntable. This gives the required takeup 
as the tape is fed by the capstan. When fast forward is 
desired, the drive wheel moves through a greater arc and 
engages both the lower and upper portions of the right-hand 
turntable and full torque is applied to the turntable and the 
reel of tape. When the selector lever is moved to reverse 
position, the upper portion of the drive wheel transmits full 
torque to the left-hand turntable and the tape is fed to the 
storage reel. The fast forward or reverse is accomplished 
in 3 minutes for the total 30-minute quantity of tape. 

Observation of the recording head reveals that two ele- 
ments are present. One is the erasing element, and the other 
is the recording and playback element. The rubber idler 
wheel, which takes its power from the tape and rotates the 
elapsed-time dial, can be observed toward the upper right- 
hand portion of the mechanical chassis plate in the photo- 
graph. 

The unit, as described, represents a machine of great 
versatility. A short time ago a machine was needed for re- 
cording and transcribing, verbatim, the statements, speeches, 
and arguments presented before an international organiza- 
tion. Machines as manufactured by business office dictating 
equipment firms throughout the world were submitted for 
this application. The following are a few of the specifica- 
tions which had to be met: 


1. Input impedance to be high compared to 600 ohms. 
Equipment to operate from an input level of approximately 
zero VU. 

2. A volume-indicating method to show when the volume 
is correct for recording. 

3. A foot-operated stop-start and backspacing switch. 
4. The output frequency response from the playback unit 
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Fie. 5. The Permofiux Seribe with case removed. 


to deviate no more than the following when compared to the 
input to the recording machine: 200—6,000 cps with a de- 
viation from the 1,000-cps response not exceeding 6 db at 
6,000 cps and 13 db at 200 cps. 

5. The noise level on playback to be not less than 40 db 
below normal signal level at 1,000 cps. 

6. The total rms harmonic content on playback to be less 
than 8% at normal signal level at 1,000 cps. 


The machine described in this paper was modified as 
follows: the tape speed was increased from 334 to 7% ips; 
the input to the machine was designed to accept a 600-ohm 
line and a level of 10 db above zero VU with minimum 
distortion; the bias oscillator frequency was increased to 
approximately 85 kc to preclude the possibility of inter- 
modulation; and the audio chassis was modified slightly to 
extend the hf and If response. The machines accepted and 
approved averaged —9 db at 150 cps and -—7 db at 9,000 
cps with a signal-to-noise ratio of approximately 43 db. 
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Components Corporatio 


— ABILITY of a playback stylus to track a lateral cut 
recording depends to a very large measure on the re- 
cording characteristic employed. This paper will consider 
the effects of hf pre-emphasis on the recorded groove shape. 
In order to determine the recorded groove shape, system 
functions which can be analyzed in terms of simple networks 
have been established from published characteristics. In 
other words, an electromechanical system is replaced by an 
equivalent electrical network for purposes of analysis, and, 
once the performance of the electrical network has been 
established, the performance of the electromechanical system 
is also established. If the characteristics of the microphone 
are included in the system function, the behavior of the 
complete system from microphone input to recorded groove 
will be known. 

The importance of the recorded groove shape may best be 
illustrated by reference to Fig. 1, which shows the recorded 
groove for a sine wave input. Also indicated is the angle 
§nax Which the maximum slope line makes with the direction 
of record travel. Obviously, the greater @,,.x is, the greater 
is the tendency for the playback stylus to climb the wall of 
the groove with the resultant introduction of intermodulation 
distortion. In the limit, with 6.x large enough, the play- 
back stylus will jump the groove. It should be emphasized 
at this point that the limitation set by the maximum slope 
line is in the playback and not the recording process. This 
is because at the present state of the art, with the use of the 
hot stylus technique, a much steeper groove can be cut than 
can be tracked in playback. 

A typical 80-ysec pre-emphasis characteristic is shown in 
Fig. 2a with constant-amplitude slope lines indicated. Since 
the lf response of the system does not contribute to the 
maximum slope, it has not been plotted and will be assumed 
to be constant amplitude for simplicity. The characteristic 
of Fig. 2a can be reduced to the amplitude vs frequency plot 
of Fig. 2b, which again shows the constant-amplitude nature 
of the 80-usec pre-emphasis system from about 5,000 to 
15,000 cps. Also shown in Figs. 2a and 2b is the so-called 
constant-velocity characteristic which has no pre-emphasis. 

The recorded groove shape for the two systems of Fig. 2 
could be analyzed on the basis of the maximum slope to be 
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expected for a constant-amplitude sine wave input to the 
system at all frequencies in the audio range. A basic char- 
acteristic of the constant-velocity system is that the maxi- 
mum slope is constant over the constant-velocity portion of 
the frequency range. For a recording of 0.0015-in. peak- 
to-peak groove amplitude at 400 cps on a 3314-rpm disc at 
5-in. diameter, @uax is 12°. For the same level input, 
Omax is 18° at 15,000 cps. Compared with this, the 80-ysec 
pre-emphasis system will have a yx of 12° at 400 cps, 
increasing to 70° at 15,000 cps. 
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Fig. 1. Recorded groove shape for sinusoidal input. 
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Fig. 3. Recorded groove shapes for the 80-ysee pre-emphasis characteristic. 
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Fig. 6. Recorded groove shapes for 
the constant-velocity system. 
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However, an analysis of this nature leaves much to be 
desired, since musical selections do not consist of pure sine 
waves and the hf content is not at the same level as the If 
content. Since musical selections contain sharp transients 
(the performance of the tympani, for example), the system 
functions will be analyzed on the basis of a step function 
input to the system or equivalent electrical network. The 
resultant groove shapes have been photographed from an 
oscilloscope display and are presented below with associated 
values of @nax. The mathematical expressions for the re- 
corded groove shapes are presented in the Appendix for a 
number of the simpler system functions. 

Figures 3, 4, 5, and 6 show the recorded groove shapes for 
the 80-ysec pre-emphasis characteristic outlined above as 
well as the groove shapes for 50-ysec, 25-»sec, and constant- 
velocity systems. The basic equivalent network for each 
system is shown at the tops of the figures, and the hf cutoff 
networks are shown in the columns at the left. With the 
hf cutoff network connected to the output of the basic net- 
work, the frequency response for the combination is shown 
at the bottom, and the recorded groove shape is in the column 
and row of the networks used. 

The recorded groove shapes shown in Figs. 3 to 6, in- 
clusive, are the output wave forms of the networks for a 
step function input. A square wave with large period was 
applied to the networks, and the output was displayed on 
an oscilloscope. The oscilloscope display was adjusted so 
that the amplitude of the network output would correspond 
to the equivalent peak-to-peak groove amplitude of 0.0015 
in., and the sweep was adjusted to represent the velocity at 
5-in. end diameter for a 3344-rpm disc. Thus the oscillo- 
scope displays shown in the figures are a magnified repre- 
sentation of the recorded groove. 

Inspection of Figs. 3a, 4a, and 5a indicate a discontinuous 
rise of a fraction of the final amplitude at the instant the 
step function is applied. This is a direct result of the con- 
tinuation of the frequency response to infinity—constant 
amplitude above 15,000 cps. This is noted in the frequency 
characteristics of the respective groove shapes at the bottom 
of the figures. Since the frequency range of the recording 
system seldom extends too much beyond the audio range, 
the groove shapes of Figs. 3a, 4a, and 5a are purely 
academic. 

The frequency response of the constant-velocity system 
falls at a rate of 6 db per octave, and as a result of the in- 
herent limited bandwidth the maximum slope angle @nax 
is only 23°, as indicated in Fig. 6a. 

The (b) set of curves is for an additional hf roll-off over 
that of the (a) curves at 6 db per octave, with a time con- 
stant of 8 ysec corresponding to a cutoff frequency (3 db 
down) of 20,000 cps. Reference to the frequency response 
indicated in (f) will show the effect of this roll-off on the 
original frequency characteristic. The large values of @mnax 


for all except the constant-velocity system means that pre- | 
emphasis results in inability to track. 

The (c) set of curves shows the groove shapes for an 
additional 12 db per octave roll-off over that of the (a) 
curves. The time constants of the roll-off are adjusted for a 
6-db fall in response at 20,000 cps. For all four cases con- 
sidered, the additional restriction of bandwidth has de- 
creased the value of @max. However, adequate tracking is 
assured for only the constant-velocity and the 25-usec 
systems. 

The (d) series of curves has its hf response modified by 
a 1-db peaking at 20,000 cps and thus extends the frequency 
range beyond the 6 db and 12 db per octave roll-offs con- 
sidered in (b) and (c). This is the type of peaking that 
might be attempted in some cutters in order to extend the 
frequency response. A noticeable increase in Omax is evi- 
dent over the 12 db per octave roll-off of the (c) series. 
Also evident, except for the constant-velocity system, is 
the slight overshoot after the steep rise due to the peaking. 

The (e) series consists of the unmodified response of the 
basic network with a very abrupt cutoff for all frequencies. 
above 17,000 cps. The sharp cutoff was obtained by a 
terminated m-derived filter as shown. This characteristic 
simulates a system whose frequency response drops off 
rapidly above the af range owing to the limitations of the 
cutter, the microphone, or a combination of the two. The 
ringing associated with the sudden chop at 17,000 cps is. 
most pronounced in the 80-ysec pre-emphasis system and 
least noticeable in the constant-velocity system. 


CONCLUSIONS 


From the results of Figs. 3 to 6, it is obvious that, the 
greater the pre-emphasis used in cutting a record, the greater 
will be the maximum slope of the recorded groove and the 
more difficult it will be for a pickup stylus to track. Fur- 
ther, the frequency response beyond the audio range has. 
been shown to have an effect proportional to the pre- 
emphasis used on the maximum slope of the groove shape. 
This is particularly serious when one considers that the 
recording characteristics published as standards do not ex- 
tend beyond the audio range. This deficiency in the stand- 
ards makes the use of pre-emphasis highly questionable. 

The constant-velocity system is the only system that will 
insure uniform ability to track, regardless of cutter and 
microphone cutoff characteristics. 

The basic reason for using pre-emphasis is to improve 
the signal-to-noise ratio. With the advent of hot stylus 
recording and variable pitch or margin control, it hardly 
seems necessary to increase the signal-to-noise ratio. In 
fact, tape hiss has already become a limitation to further 
improvement. 

There is a strong body of opinion in this country and 
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Fic. 7. Caleulated response for conditions of Fig. 3a. 


abroad which supports the constant-velocity sans pre- 
emphasis characteristic. 


APPENDIX 
I. 80-usec Pre-Emphasis 
A. No hf cutoff: The characteristic of Figs. 2a and 2b 
can be represented by the system function 


1+ joTy 


wanda es 


Ti = 80 psec 


~~ Qe X 2,000 


= ———— = 320 psec 
2x X 500 


® = angular frequency 


The response of this system to a step input is 


E,(t) =A E ( 1-—) con] 


2 


where A is the amplitude. 


With A taken as 0.0015 in. and time converted to linear 
record travel of 8.7 ips for a 5-in. diameter on a 3314-rpm 
recording, the results are plotted in Fig. 7. Comparison 
with Fig. 3a shows close agreement for the calculated re- 
sponse and oscilloscope display. The amplitude of the dis- 
continuous step at ¢ = 0 is a function of the time constants 
T 1 and To. 

B. 6 db per octave roll-off at high frequencies: The 
system function for the display of Fig. 3b is 


(1 + joT;) 
(1 + joT,) (1 + joTs) 


N (jo) = 


A 
>= 


GROOVE 
DISPLACE MENT 


x1073 INCHES 


OS 10 15 20 25 30 35 40 45 50 
xl0-3 INCHES 
(33'/3 RPM RECORD TRAVEL AT 5" DIA) 
Fig. 8. Calculated response for conditions of Fig. 3b. 


The response of this system to a step function is 


F(t) =A (14 cur) 


T2-T T3-T; 
T.-Te 

With A again assumed as 0.0015 in. and ¢ converted to 
linear record travel at 5-in. diameter for 3314 rpm, the 


results are plotted in Fig. 8 and can be compared with 
Fig. 3b. 


C. 12 db per octave roll-off at high frequencies: The 
system function for the display of Fig. 3c is 


(1 + joT1) 
(1 +- joT2) (1 + joTs)? 


where 7;, Tz, and T; are as in (B) above. The response ta 
a step function is 


Baim ati 


(T3-T;) P 2T3T2 -— T2T; -T3* etiTs 
T3(T2—Ts) 


(T2-T3)? 
The above result converted to linear record travel is shown 
plotted in Fig. 9 and can be compared with Fig. 3c. 


N(jo) = 


T2(T; —T2) 


= et/T2 + 
(T2-Ts3)? 


D. 1db peaking at 20 kc: The system function for the 
display of Fig. 3d is 


. (1 + joT)) 9? 
N (jo) = 


R 
(1 + jwT2) | (jo)? + jo rs + -'| 
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(1 + joT)) 7 


R 
(1 + jwT2) | (@?-w*) + jo ‘| 


T; = 80 psec 

R = 10,000 ohms 

L =0.05h 

Wo" = 1/LC, with C = 570 pp 


The step function response to this system function is 
given by 
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Fic. 9. Caleulated response for conditions of Fig. 3c. 
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The resultant response in terms of linear record travel is 
shown in Fig. 10 and can be compared to the equivalent 


display of Fig. 3d. 
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II. Constant Velocity (No Pre-Emphasis) 


The system function for the constant-velocity case of 


Fig. 6a is 


where T — 


This is plotted in Fig. 11 in terms of linear record travel 


N (jo) = 


22 X 400 
input is the simple exponential 


joT 


= 400 psec. The response to a step 


E(t) = A(1-e?) 


and can be compared to the display of Fig. 6a. 
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Election of AES Officers 


The board of tellers of the AES reports the following results in 
the recent elections for officers: 


President : Jerry B. Minter 
Executive Vice-President: A. A. Pulley 
Central Vice-President : R. C. Moyer 
Western Vice-President : Boyd McKnight 
Secretary: C. J. LeBel 
Treasurer: R. A. Schlegel 
Governors : L. J. Scully 
Walter O. Stanton 
R. H. Ranger 


The three governors elected will serve a two-year term. Governors 
currently serving whose terms expire in 1954 are Price D. Fish, Jay H. 
Quinn, and C. R. Sawyer. In addition, the retiring president, F. 
Sumner Hall, and the editor, Lewis S. Goodfriend, also serve on the 
board of governors. 


1953 Awards 


This year the AES is presenting one new award, the Emile Berliner 
Award, in addition to the two awards, the John H. Potts Memorial 
Award and the Audio Engineering Society Award, it has presented 
previously. These Society awards are made possible by the support 
of donors who cnly stipulate the purpose of the award. It is the 
responsibility of the AES to select the candidates for the awards on the 
basis of its knowledge of the achievements of the people working in 
the audio field. 


AES Award to McProud 


The Audio Engineering Society Award for “the person who has 
done the most for the advancement of the Society in the previous 
year,” was presented this year to C. G. McProud at the Society’s 
annual banquet in New York, on October 15, 1953. 


C. G. McProvup was born in 1904 in Ottowa, Kansas, and moved to 
California in 1913. He graduated from California Institute of Tech- 
nology in 1925 with a B.S. degree in mechanical engineering. 

After spending a year trying to get into the motion picture industry, 
he engaged in several types of civil engineering work for three years 
and finally broke into the movies by way of sound pictures. Mr. 
McProud worked in all phases of sound recording for thirteen years 
with Paramount Pictures’ Hoilywood studio, leaving in 1942 to 


AES NEWS 


327 


engaged in research and development work on sonar equipment for the 
National Defense Research Committee. At the close of the war he 
became managing editor of Radio Maintenance, did free-lance tech- 
nical writing, and became managing editor of Audio Engineering 
when it was established in 1947. He became editor in 1949 on the 
death of John H. Potts, and in 1952 became publisher. 

He is a charter member and past president of the AES, a member 
of the IRE and the Acoustical Society of America, and an associate 
member of SMPTE. 


Potts Memorial Award to E. W. Kellogg 


The John H. Potts Memorial Award for outstanding achievement 
in the field of audio engineering was this year awarded to Edward 
W. Kellogg. 

Epwarp W. Kettocc was born in Vineland, New Jersey. He was 
graduated from the Engineering College of Princeton and was elected 
to Phi Beta Kappa. He did post-graduate work in electrical and 
mechanical engineering at Cornell University. After experience in 
the power field, he became an instructor at the University of Missouri. 
He specialized in telephone engineering and taught this subject in 
several universities . 

In 1907 Mr. Kellogg became a member of the Generali Electric Re- 
search Laboratories and did considerable work on submarine detection 
during World War I. After the war, Mr. Kellogg and Chester W. 
Rice worked together on the first long-wave receiving antennas and 
then on loudspeakers. The result of this work was the development, 
in 1925, of the coil-driven (dynamic) paper-cone speaker. This type 
of speaker is now universally used. 

Mr. Kellogg developed for the General Electric Company a magnetic 
pickup in a form that required practically no change for a period of 
over ten years. At this time, the General Electric Company published 
some of its research activity on recording sound photography. Mr. 
Kellogg’s contribution to this field was his outstanding development 
of the magnetic drive for sound records, which is considered to this 
day the last word among devices for driving film at a constant speed. 
In 1930, General Electric transferred their work in radio and allied 
fields to RCA. Mr. Kellogg joined RCA in Camden, where he was put 
in charge of a group of engineers to carry on advance development 
in mechanical, electrical, optical, and photographic problems related 
to RCA’s motion picture activities. He continued in this position 
until his retirement in 1947; he presently resides in Haddonfield, New 
Jersey. : 

Mr. Kellogg is a charter member of the Acoustical Society of America 
and has been active in the SMPTE. He is the author of some thirty 
papers published in the SMPTE Journal and elsewhere. He was the 
third man to be selected for one of this society’s outstanding awards, 
namely, the Progress Award, which he received in 1938. Mr. Kellogg 
holds 107 patents for his inventions. Since his retirement he has 
been retained by RCA on a consulting basis. 

Past recipients of the John H. Potts Memorial Award are Harry 
F. Olson (1949), Howard A. Chinn (1950), Hermon Hosmer Scott 
(1951), and Frank L. Capps (posthumous, 1952). 


Berliner Award Established 


The AES this year awarded for the first time the Emile Berliner 
Memorial Award established for presentation to “that person or organ- 
ization which has made an outstanding development in audio engineer- 
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ing.” The award was presented to Henry C. Harrison at the Society’s 
annual banquet at the Hotel New Yorker, October 15, 1953. 

Emile Berliner was born in Germany, but as a young man he came 
to America and settled in Washington, D. C. He worked as a sales 
clerk in a store and did his experimenting at home at night. He read 
about Alexander Bell’s work on the tele, ne and felt that, although 
Bell’s method worked, it would have to work better if it were to be 
commercially accepted. In Bell’s original method, the signal was not 
loud enough. Berliner developed the first microphone using variable 
contact resistance to a point where he was able to get the Bell Tele- 
phone Company interested. 

Western Union had Thomas Edison working for them and were 
going into the telephone business. Bell employed Berliner, and their 
first step was to develop a microphone made by Blake. Berliner put 
the unit into production and was able to make the units usable com- 
mercially. There was a great deal of litigation on the question of this 
microphone, but in the end the Bell Telephone Company and Berliner 
were successful, and Western Union did not go into the telephone 
business. 

After several years of work for the Telephone Company, Berliner 
became a fairly wealthy man and was able to retire and set up his 
own laboratory. The Telephone Company kept him on a retainer 
basis. His next work was on the phonograph record. He wanted to 
improve the methods of recording and manufacturing records com- 
mercially. At that time the Edison cylindrical record was the only 
practical one on the market. Berliner’s most important contribution 
was the perfection of a recording technique employing flat disc-type 
records. In effect, he invented lateral recording, which has since 
proved itself and is now used almost universally. The successful 
method of recording on a flat disc also meant that Berliner’s method 
of duplicating records by pressing would result in records’ being pro- 
duced at high speeds on an economical basis. 


Henry C. Harrison Receives Berliner Award 


The new Emile Berliner Memorial Award was presented this year 
to Henry C. Harrison. The citation reads: “The first Emile Berliner 
Award was given to Henry C. Harrison in recognition of his outstand- 
ing inventions and developments in audio engineering; for his applica- 
tion of transmission line principles in loudspeakers and the lateral 
rubber line recorder used in making the first and many subsequent 
electrically cut records for phonograph and talking movie applications; 
and for his contributions to carbon-button microphones, the ortho- 
phonic victrola, wire-spring relays and a multi-reed selective signaling 
system used in mobile radio.” 

Henry C. Harrison joined Western Electric’s engineering depart- 
ment in 1914 after receiving an A.B. degree from Colorado College and 
an S.B. degree from the Massachusetts Institute of Technology. He 
first worked on fundamental studies of receivers and carbon-button 
microphones and then spent some time developing submarine detecting 
devices. Returning to his original work, he became concerned with 
loudspeakers for public-address systems and the development of 
sound-recording and reproducing apparatus. He introduced into this 
work the point of view of regarding units such as loudspeakers and 
recorders as wave-energy transmission lines which needed to be 
matched. From this he developed the rubber line recorder, the ortho- 
phonic victrola, turntables, and pickups. A number of these were 
used in producing the first electrically recorded and reproduced talk- 
ing movies. This point of view was taken up and used by other 
workers in designing telephone instruments. 

Next Mr. Harrison and the group under his supervision developed 
a vertical or “hill and dale” system of sound recording and reproduc- 
ing—a development which for many years served as the basis for 
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sound reproduction of a high quality. In 1937 Mr. Harrison turned 
to switching work. Among his contributions in this field have been 
relays, crossbar switches, and keys of the wire spring type, glass tube 
mercury relays, and a multi-reed selective signaling system used in 
mobile radio. 

Mr. Harrison’s many valuable inventive contributions are attested 
to by 109 patents, and more are pending. He retired in November, 
1952, and now lives in Port Washington, Long Island. 


E. C. Wente Made Honorary Member 


Epwarp C. Wente was this year elected by the Governors of the 
Society to honorary membership. This announcement was made at 
the annual banquet of the AES at the Hotel New Yorker, October 15, 
1953. 

Mr. Wente has been with the Bell Telephone Laboratories for nearly 
40 years. His research and inventions have for the most part related 
to acoustics and acoustical instruments, with special reference to their 
application to the transmission, recording, and reproduction of speech 
and music. 

One of Mr. Wente’s early developments was the condenser micro- 
phone, the first really high-quality transmitter, which made it possible 
to pick up sounds for transmission or recording with a fidelity that 
would permit reproduction having a satisfactory illusion of natural- 
ness. The Franklin Institute awarded him its John Price Wetherill 
Medal for this work. 

Mr. Wente’s development of the ribbon light valve for recording 
sound on film and his design of special microphones and loudspeakers 
were of fundamental importance in sound motion picture technology. 
For these contributions to the motion picture art, Mr. Wente received 
the first Progress Medal of the Society of Motion Picture Engineers 
(now the Society of Motion Picture and Television Engineers). 

Mr. Wente also pioneered in, and made important contributions to, 
the stereophonic transmission and reproduction of sound, architectural 
acoustics, sound recording on magnetic tape, and, during World War 
II, the development of a very high-powered warning siren and the 
first electrical antiaircraft gun director. 


Four New Fellows Elected 


The election of four of the Society’s members as Fellows was also 
announced at the annual banquet. Those elected were Howard A. 
Chinn, C. J. LeBel, Chester A. Rackey, and H. E. Roys. 


Howarp A. Curnn received the S.B. and S.M. degrees in 1927 and 
1929, respectively, from the Massachusetts Institute of Technology 
where, from 1927 to 1932, he was a research associate. He joined the 
Columbia Broadcasting System, Inc., in 1932 and is currently chief 


= ee 
a 
Pe 
2 
ie : 
25 ; 
a 
a 
a F. 7 
ite 
a 
ee 
Se 
rar, 
at 
et 
fh 
™ 
ot ° a 
= EL 
a 
a 
+> 
i 
a 
eo) 
RiPe 
Fs ee 
i 
ae 
oe 
ae 
eo - 
eo 
ee 
ue 
ti 
pe : ac ; 
aa i eo eee 
BeAG vin ai Cy: ‘ 
Pir. ae 
Tod j 
ris “Ix . . 
a me 
eX . > ~ 
4 : —~ Rig 
» « 
Nf oe Y 
‘ ‘ ~ 
a” 
4 x 
“| < ’ Pe . ‘ pa 
¥ ce al +> * ae i 
a) £ atl 
. ee 


engineer of the audio-video division of the general engineering depart- 
ment. 

For his work with the Office of Scientific Research and Development 
during the war years, he received a Presidential Certificate of Merit, 
the second highest award available to civilians. In 1950, he received 
the John H. Potts Memorial Award for outstanding achievement in 
the field of audio engineering. Mr. Chinn is a Fellow in the AES, 
the IRE, the SMPTE, and the Acoustical Society of America. He is 
a member of the AIEE, a licensed professional engineer, and the 
author of Television Engineering, one of the volumes in the McGraw- 
Hill television series. 


C. J. LeBet received his B.S. degree in 1926 and his MS. degree in 
electrical engineering in 1927, both from the Massachusetts Institute 


of Technology. From 1927 to 1929 he was a research physicist for 
Raytheon, Inc., working on gaseous discharge lamps and rectifiers. His 
first patent has since become one of the basic patents on the fluorescent 
lamp. He then joined Sylvania as a research engineer. From 1932 to 
1937, he was a consultant in sound recording problems. 

From 1937 to the present time Mr. LeBel has been vice-president 
of Audio Devices, Inc., specializing in lacquer disc and magnetic tape 
manufacture and applications. Mr. LeBel is also the chief engineer 
for Audio Instrument Co., where he is concerned with engineering on 
specialized audio measuring equipment, including logarithmic level 
recording systems, intermodulation meters, and acoustical measuring 
equipment. He is a member of the AES, the AIEE, the Acoustical 


Society of America, the SMPTE, and the Sapphire Club. He holds a 
number of patents on audio circuits, and he has written many techni- 
cal articles. 


Cuester A. Rackey started in amateur radio at the age of 12. He 
studied at Rensselaer Polytechnic Institute and later at Brooklyn 
Polytechnic Institute. His first job was as a technical assistant for 
the Western Electric Company, now the Bell Telephone Laboratories. 
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This was followed by a short period as a ship’s radio operator, after 
which he worked in radio broadcast transmitter and studio operations 
with WBAY (now WNBC). He started his career with RCA at the 
formation of the National Broadcasting Company, serving first as 
engineer in charge of system design, then as audio facilities engineer, 
and, presently, as manager of audio-video engineering. 

Mr. Rackey was in charge of the design of the world’s first network 
broadcasting headquarters at NBC. He pioneered systems of central- 
ized equipment and master control and is the holder of several patents 
in this category. He also worked on the design and construction of 
all NBC plants in Chicago, Hollywood, San Francisco, Cleveland, and 
Washington, as well as the large NBC radio and television plant at 
Radio City and the RCA-NBC color television studio at the Colonial 
Theatre in New York. 

He is a founder and charter member of the AES and served as its 
first vice-president and later as governor. He received the AES Award 
in 1950. Mr. Rackey is the author of several articles on audio-video 
system engineering and is currently the chairman of the committee 
on audio facilities of the Radio and Television Manufacturing Asso- 
ciation. 


H. E. Roys received the B.S. degree in electrical engineering from 
the University of Colorado in 1925. From 1925 to 1930 he was with 
the General Electric Company in Schenectady, working on radio 
transmitters and on receiver engineering. He was transferred to the 
RCA Manufacturing Company at Camden in 1930, and in 1931 he 
became associated with the phonograph section there. In 1937 he 
became a member of the advanced development group of the photo- 
phone section, which later became part of the engineering products 
department. He was located with this group in Indianapolis from 
1941 to 1946, where he worked mainly on disc recording and reproduc- 
ing problems. At present he is located in Camden and is still asso- 
ciated with the same group. Mr. Roys is a member of the AES and 
the Acoustical Society of America, and a senior member of the IRE. 
He is also a member of Tau Beta Pi and Eta Kappa Nu. 


San Francisco Section Elects Officers 


The San Francisco section held its annual election meeting on 
October 12, 1953. The following officers were elected: 

Chairman: Dr. B. H. Smith, Radiation Laboratory, University of 
California, Berkeley, California. 

Vice-chairman; William J. Rolly, 1565 Molitor Road, Belmont, 


California. 

Secretary: Wallen W. Maybeck, 2751 Buena Vista Way, Berkeley, 
California. 

Treasurer: James B. Norcross, 613 Arlington Road, Redwood City, 
California. 

Directors: Roy A. Long, Ross H. Snyder, and J. Hal Cox. 
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John D. Colvin with Gates Radio Company 


Joun D. Corvin, past president of the AES, has been appointed 
director of engineering of the Gates Radio Company in Quincy, 
Illinois. Mr. Colvin was graduated from Bliss Electrical School, 
Washington, D. C., received his B.S. in electrical engineering at the 
Pennsylvania State College, and did graduate work in factory man- 
agement at Columbia University. He spent two years with AT&T 
Long Lines in New York in the telegraph and teletypewriter depart- 
ment. For the next ten years he was employed by RCA in their 
Harrison and Indianapolis plants. For two years in Harrison and 
two years in Indianapolis he was responsible for the design of power 
tube manufacturing and testing equipment. During the remaining six 
years with RCA at the Indianapolis plant he was in charge of the 
development and design of their broadcast audio line. After leaving 
RCA, for five years Mr. Colvin assumed the duties of chief aud‘o 
engineer with the American Broadcasting Company in New York and 
was responsible for the design of all company-owned studios from the 
audio and acoustical side for the network. The next four years were 
spent as chief engineer and plant manager of Commercial Radio Sound 
Corporation in New York. Culminating these twenty years of ex- 
perience in the broadcast and communications field, he joined the 
Gates Radio Company in October. 1953. In his capacity as director 
of engineering, Mr. Colvin is directly responsible for all development 
and engineering work for the company and also the tie-in of engineer- 
ing procedure with the function of the sales, procurement, and manu- 
facturing department for most efficient operation. 


Boyd McKnight Joins North American Aviation 


Boyp McKnicut, AES West Coast vice-president for 1954, has 
left Minnesota Mining and Manufacturing Company and is now with 
North American Aviation. 


Melvin Sprinkle with Ampex Corporation 


Me vin C. Sprinkie, well known in audio circles, has been ap- 
pointed audio sales manager of the Ampex Corporation’s district office 
in Washington, D. C. He was graduated from Shepard College and 
the RCA Institute. Besides his many technical papers and his co- 
operative development of the musicians’ amplifier version of the 
Williamson, Mr. Sprinkle is known for his work in the sales engineer- 
ing department of Altec Lansing Corporation. He is leaving the 
Schrader Manufacturing Company of Washington, D. C., where he 
has been chief engineer. He is a member of the IRE, the IRE Pro- 
fessional Group on Audio, and a charter member of the AES. 
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Section Meetings 


CINCINNATI 
Chairman: Harvey B. Glatstein ; 
Secretary: William J. Mahoney, 1730 Kleemeir St., Cincinnati, Ohio 
Paper: Tour of the King Record Company, with Verne Kreuger, 
from recording studio through planting, processing, and 
milling of phonograph records, June 30, 1953. 


Los ANGELES 
Chairman: Richard Hastings 
Secretary: Herbert E. Farmer, 7826 Dunbarton Ave., Los Angeles, 
California 
Papers: “A New Kappler Amplifier,” M. O. Kappler, Rand Corp., 
June 30, 1953. 
“An Introduction to Audiology,” Dr. Helen Kennedy, Los 
Angeles State College, June 30, 1953. 
“Acoustics and Hearing,” Dr. Helen Kennedy, Los Angeles 
State College, September 29, 1953. 
“History and Development of Music for the Piano,” 
Maurice Zam, teacher of piano, September 29, 1953. 


RENSSELAER POLYTECHNIC INSTITUTE 
Chairman: Charles R. Wood, Jr. 
Secretary: John McKendree, 2226 Burdett Ave., Troy, New York 
Papers: “The RPI Electronic Chimes,” Charles R. Wood, Jr., 
student organist of RPI Music Department, October 8, 
1953. 
“A Roundtable Discussion of the New York Audio Fair,” 
by students who attended for the first time, October 20, 
1953. 


San Francisco 
Chairman: B. H. Smith 
Secretary: Wallen W. Maybeck, 2751 Buena Vista Way, Berkeley, 


California 
Paper: “Magnetic Tape Characteristics,” William G. Courtney, 
Minnesota Mining & Manufacturing Company, October 


29, 1953. 


New Members 


Bowen, Ronald G., 446 Broadway, Denver 9, Colorado 

Brainard, Carl M., 3010 Goodview Trail, Los Angeles 28, California 

Coari, Walter Joseph, 2868 So. Abingdon St., Arlington, Virginia 

Duermeyer, Howard W., 44 Henley Rd., Buffalo 16, New York 

Geisler, Leonard E., 307-3-Denenchofu, Ota-Ku, Tokyo, Japan 

Hayashi, Masuo, 9-Hashibacho, Nakano-Ku, Tokyo, Japan 

Hitomi, Shigehide, 384, Setagaya 1-chome, Setagaya-ku, Tokyo-to, 
Japan 

Hiyama, Tamotsu, 7, 1-Chome, Chofuminemachi, Ohtaku, Tokyo, 
Japan 

Kellogg, Edward W., 276 Merion Avenue, Haddonfield, New Jersey 

Kennedy, Helen, 455 W. Raymond, Pasadena 3, California 

Knowles, Hugh S., 9400 Belmont Ave., Franklin Park, Illinois 

Mantani, Tadao, 161, Kishi, Tomitabayashi-shi, Osaka-fu, Japan 

Metzger, William, 269-11 79th Avenue, New Hyde Park, New York 

Mino, Tsuyoshi, 770 Yukigaya-Cho, Ota-Ku, Tokyo, Japan 

Murai, Teiichi, 1284, Shimoochiai 3-chome, Shinjuku-ku, Tokyo, 
Japan 

Nagasaki, Motohiro, 101, Tokiwamatsucho, Shibuya-ku, Tokyo-to, 
Japan 

Nagato, Kunio, 583-3 Higashi-Magome-cho, Otaku, Tokyo, Japan 

Nakajima, Kenzo, 2-1165 Nogata-Machi, Nakano-Ku, Tokyo, Japan 
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Nirei, Kiyoshi, 24 Kakinokizaka Meguroku, Tokyo, Japan 

Pearson, Robert Edgar, 15702 Prairie Avenue, Lawndale, California 

Ryan, John Peter, Tokyo CPO Box 785, Tokyo, Japan 

Sadachi, Yoshihiro, Yokohama Branch Office, Endo-Musen K. K., 
Yokohama, Japan 

Seidl, Michael G., 1509 W. Farwell Avenue, Chicago 26, Illinois 

Shigeta, Shunzo, 4078-1 Mitsu, Akitsu-machi, Kamo-gun, Hiroshima- 
ken, Japan 

Shiomi, Sunsaku, 400, Hyakunincho 4-chome, Shinjuku-ku, Tokyo, 
Japan 

Slater, Angus Edward, 47 Marian Street, Leederville, West Australia 

Taguti, Ryuzaburo, 31 Kamihuzimae, Bunkyo-Ku, Tokyo, Japan 

Tomita, Yoshikazu, 51-3-Chome, Showadori, Nakano-Ku, Tokyo, 
Japan 

Tsubota, Koichi, 107-1 Chome Ogikubo, Suginami-Ku, Tokyo, Japan 

Umehara, Youichi, 1-134 Horifune-Machi, Kitaku, Tokyo, Japan 

Yoshimura, Sadao, 214 Shirohata Apts. No. 1, Higashi-cho Shirohata, 
Kanagawa-ku, Yokohama, Japan 


Associate Members 


Asano, Shunichi, c/o Toki Furumi, 242, Amanuma 1-chome, Suginami- 
ku, Tokyo, Japan 

Biggs, Robert O., 4139 LeBourget Ave., Culver City, California 

Donovan, John H., 1429 Ellsworth Ave., Columbus 7, Ohio 

Eimoto, Sukeo, 251, 3 Kugayama, Suginami-ku, Tokyo, Japan 

Kato, Hideo, 25, 1-chome, Tsurumaki-cho, Setagaya-ku, Tokyo, Japan 

Kobayashi, Hajime, 1921, Koganei-machi, Kitatama-gun, Tokyo-to, 
Japan 

Mochel, Robert S., 2244 Abington Rd., Columbus 12, Ohio 

Murakami, Akira “Ike,” 304314 Edgehill Dr., Los Angeles 18, Cali- 
fornia 

Murata, Tomio, 53 Matsuga-Oka, Kanagawa-ku, Yokohama, Japan 
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Takahashi, Saburo, 2071, 2-chome Magome-machi, Ota-ku, Tokyo, 
Japan 

Yagi, Toshio, 8388 Shimada-shi, Shizuoka-ken, Japan 

Yamada, Tsugio, 1988, Namamugi-muchi, Tsurumi-ku, Yokohama-shi, 

Kanagawa-ken, Japan 


Student Members 


Abe, Hisao, 33, Koaza Tanida, Aza Oyamazaki, Oyamazaki-mura, 
Kyoto-fu, Japan 

Amemiya, Hiroshi, 108, 5-chome Gotanda, Shinagawa-ku, Tokyo, 
Japan 

Bock, James W., Room 201, Building A, Rensselaer Polytechnic Insti- 
tute, Troy, New York 

Closs, Stephen W., Jr., 44 Fennimore Ave., Yonkers, New York 

Hernstadt, William H., Room 123, Building A, Rensselaer Polytechnic 
Institute, Troy, New York 

Hoshaku, Manabu, 2717, Katase, Fujisawa, Kanagawa-ken, Japan 

Isozaki, Shin, 7-51, Yamamotodori 3-chome, Ikuta-ku, Kobe, Japan 

Jarmon, Richard, 243 Hoosick Street, Troy, New York 

Karasawa, Akira, 3497, Oaza-Matsuyama, Matsuyama-machi, Hiki- 
gun, Saitama-ken, Japan 

Kawano, Makoto, c/o Yamahara, 48, Shimouma 2-chome, Setagaya- 
ku, Tokyo, Japan 

Kenmochi, Fukio, 114, Tsuchizawa-mura, Naka-gun, Kanagawa-ken, 
Japan 

Osawa, Kenichi, 98, Higashi Tenomachi, Okazaki, Sakyo-ku, Kyoto-shi, 
Japan 

Pincus, Martin Simon, 7958 W. 4th Street, Los Angeles 48, California 

Suzuki, Masayasu, 636, Karagasaki-machi, Meguro-ku, Tokyo-to, 
Japan 

Webb, William J., White I, Rensselaer Polytechnic Institute, Troy, 
New York 


Sipney A. CorperMAN received his B.S. de- 
gree in physics from the Massachusetts Insti- 
tute of Technology. He has been associated 
with Radio Free Europe of New York and 
Consolidated Electric Company of Forest 
Park, Illinois. Mr. Corderman is currently 
the chief engineer at McIntosh Laboratories. 
He is an associated member of the IRE. 


R. C. Curtis received his B.S. degree in 1931 
ir electrical engineering and his M.S. degree 
ir 1934 in communications engineering, both 
from Harvard University. He has worked 
in the New York Edison Company test de- 
partment and has designed amplifiers and 
equipment for medical research for Yale Uni- 
versity Medical School. He has also been en- 
gaged in the development of vacuum tubes 
and applications engineering for RCA. Mr. 
Curtis is presently associated with the Dicta- 
phone Corporation where, as chief electronic 
development engineer, he is concerned with 
the development and design of amplifier 
circuits for recording and reproducing equip- 
ment and special applications. He holds 
memberships in the IRE and Sigma Xi. 


Samvuet J. Hyman was born in Chicago, 
Illinois, in 1920. He attended RCA Insti- 


JOURNAL AUTHORS 


tutes and studied advanced electronics and 
mathematics at Lewis Institute of Technology 
(Armour Institute). He was employed by 
the Sentinel Radio Corporation from 1937 
to 1941 in the quality control and engineering 
departments. From 1942 to 1947 he was 
employed by The Galvin Manufacturing Cor- 
poration (Motorola), where he was a mem- 
ber of the research engineering group, the 
development group for FM communications 
equipment, and contract engineer for the 
production engineering department in charge 
of production engineering and quality con- 
trol of their North plant. He was also an 
alternate representative to the War Commit- 
tee on Radio Task Group, formulating the 
American War Standards for paper capacitors 
of limited sizes. Upon his return from a 
short leave he was given as a project the 
completion of the development of the sub- 
miniature FM Handy-talkky. Mr. Hyman 
joined the engineering staff of the Rauland 
Corporation in 1947 and was engaged in the 
development of FM communications equip- 
ment and electronic equipment for large 
rocket installation. Later, he did research 
on high vacuum equipment and processes for 
their cathode-ray tube division. In 1949 
he joined the S.M.A. Company as production 


manager for their television tuner and set 
production. In 1951 he was employed by 
Mr. L. M. Heineman, president of the Permo- 
flux Corporation, to take charge of their 
quality control division. As of January, 
1953, Mr. Hyman has held the position of 
chief engineer. The products include dynamic 
headphones, microphones, and _ speakers; 
audio transformers, grain-oriented silicon 
steel Cee-Cors; and the Permoflux Scribe 
Dictation Machine which uses magnetic 
tape as the recording medium. 


TuHeopore LINDENBERG was born in 1911. He 
received the degree of M.E. from Ohio State 
University in 1930. After graduation he 
collaborated with his father on early multi- 
unit loudspeaker systems and developed 16- 
mm _ sound-on-film recording equipment. 
From 1936 to 1940 he operated his own re- 
cording studios in Columbus, Ohio, and de- 
veloped early moving-coil and photoelectric 
pickups and a multiple projection system for 
theater use. He also collaborated on early 
photo-finish cameras for racetrack use. In 
1940 he joined the Fairchild Aviation Cor- 
poration as engineer on disc recording equip- 
ment, guided missiles, and aircraft fire con- 
trol equipment. After World War II he 
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THEoporE LINDENBERG 


Jerry B. Minter Il 


became engineer in charge of recording equip- 
ment and in 1947 went with the newly formed 
Fairchild Recording Corporation. He ac- 
cepted his present position as chief design 
engineer with Pickering and Company in 
1950. Mr. Lindenberg holds a number of 
patents on pickups, loudspeakers, optical 
recording systems, and movie prujection sys- 
tems. 


Frank H. McIntosu received B.S. and M.S. 
degrees in electrical engineering from the Uni- 
versity of Nebraska and the Massachusetts 
Institute of Technology. His extensive career 
has included eight years on the technical staff 
of the radio development division of the Bell 
Telephone Laboratories, four years as Pacific 
Coast sales engineer for Graybar Western 
Electric Company, one and one-half years as 
technical director with the Fort Industry 
Company of Toledo, Ohio, three years as 
chief of the Radio and Radar Division of the 
War Production Board in Washington, and 
eight years as a consulting engineer in Wash- 
ington. He is currently president of McIntosh 
Laboratories, Binghamton, New York. Mr. 
McIntosh is a member of the IRE, the AIEE, 
the SMPTE, the Association of FCC Con- 
sulting Engineers, and the Washington Engi- 
neers Club. 


Apo R. Miccroxt was born in New York in 
1922. In 1943 he received a B.E.E. degree 
from Cooper Union School of Engineering, 
and in 1950 he received an M.S. degree from 
Columbia University. Prior to 1952, he was 
employed by Dale Pollack, Consultant, and 
the New London Instrument Co. as a project 
engineer in the development of communica- 
tion receivers, random noise generators, and 
signal generators. Mr. Miccioli is currently 
with Measurements Corporation where his 
main interest is the development of laboratory 
test equipment. 


Jerry Burnett Minter II was born in Fort 
Worth, Texas, in 1913. He received a BS. 
degree in electrical engineering in 1934 from 
the Massachusetts Institute of Technology. 
In 1935, he was employed by Boonton Radio 
Corporation in the development of band-pass 
intermediate-frequency transformers and in 
1936 was active in the development of air- 
craft radio receivers at the Radio Frequency 
Laboratories of Boonton, New Jersey. Dur- 
ing the latter part of 1936, he was engaged by 
Malcolm P. Ferris to take charge of the de- 
velopment of a signal generator, a radio 
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noise and field strength meter, and several 
other projects. After the death of Mr. 
Ferris, Mr. Minter and some of his asso- 
ciates organized the Measurements Corpora- 
tion of Boonton in 1939. Since that time, 
he has been vice-president of Measurements 
Corporation. Mr. Minter has been active 
in the development and application of radio 
noise and field intensity measuring equip- 
ment and has also been responsible for the 
development of standard signal generators for 
use with radio, radar, and television receivers. 
He is president of Components Corporation 
oi Denville, New Jersey. Mr. Minter is a 
Fellow and past president of the Radio Club 
of America, Inc., and a member of the Air- 
craft Owners and Pilots Association. He has 
been executive vice-president of the AES and 
is this year serving as president. He assisted 
in the organization of the Northern New 
Jersey subsection of the IRE and acted as 
chairman of this subsection during 1947 and 
1948. He has served on numerous RETMA, 
IRE, SAE, and ASA standards committees. 
He holds several patents relative to his field 
of work. Mr. Minter has presented numer- 
ous papers on various subjects in the audio 
field. 


Joun Nicro was born in Italy in 1908. He 
studied electrical engineering at the Indus- 
trial Institute Alessandro Volta Radiocom- 
munication in Rome and was graduated in 
1929 from the Experimental Institute of 
Radiocommunication. He came to the United 
States in 1931 and has been self-employed 
since that time. He has studied music for 
more than nine years and is an accomplished 
musician. Mr. Nigro is a member of the 
AES. He has spent many years in the de- 
velopment and design of the amplifier de- 
scribed in the present paper and has obtained 
a patent covering this amplifier circuit. 


Kerm™m Onpver was born in Istanbul, Turkey, 
in 1914. After graduating from American 
Collegiate Institute, he attended the Uni- 
versity of Istanbul and then matriculated at 
The Institution of Electrical Engineers in 
London, becoming a chartered electrical engi- 
neer in 1942. He attended Stanford Uni- 
versity in California during 1943 and 1944 
and obtained a master’s degree in electrical 
engineering, majoring in communications. He 
also took graduate courses in acoustical engi- 
neering from Dr. Harvey Fletcher at Colum- 
bia University. 

Mr. Onder has had fifteen years’ experience 
as project and development engineer on the 
staffs of several companies, including Mar- 
coni’s Wireless Telegraph Company, Ltd., 
of England, and RCA Laboratories in Prince- 
ton, New Jersey, where he worked in the 
acoustics laboratory under the direction of 
Dr. Harry F. Olson for some time. Mr. 
Onder’s work has been mainly in the develop- 
ment of circuits for color television, audio 
equipment, and measuring instruments. Dur- 
ing 1951, he worked at the United Nations, 
where he contributed to the planning and 
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design of simultaneous interpretation and 
other sound-reproducing systems at the U.N. 
headquarters in New York. He also taught 
at Syracuse University during the academic 
year 1947/1948 and is now an instructor in 
the Division of General Education of New 
York University. He has had one patent 
granted, and two are pending on FM receivers 
and audio amplifiers. 

He is presently in charge of Circuit Re- 
search Laboratory in New York, where he 
developed a new FM receiver free from 
multipath interference and a transformerless 
audio amplifier. 

Mr. Onder is a member of several engineer- 
ing societies including the Acoustical Society 
of America, the IRE, and the AES. 


DanteEt Pracu was born in Lemont, Illinois, 
in 1923. In 1944 he received a B.S. degree in 
physics from the Illinois Institute of Technol- 
ogy, where he also did graduate work. From 
1944 to 1946 he was with Otarion, Inc., as 
assistant chief engineer in charge of the de- 
velopment of miniature audio components 
and vacuum tubes. The following year he 
was associated with Argonne National Lab- 
oratory in nuclear research. Since 1947 Mr. 
Plach has been associated with Jensen Manu- 
facturing Company where, at present, he is 
senior physicist engaged in the development 
of high-fidelity components and systems. He 
has presented a number of technical papers on 
these subjects. 


Ottver Reap 


Oxtver Reap was born in Evanston, Illinois. 
He attended Lane Technology and RCA 
Institutes. He holds honorary doctorate de- 
grees in science and literature. He was asso- 
ciated with the Central Electric Company, 
Chicago, in 1923 as a service technician; with 
the Franklyn Radio Company, Chicago, in 
1935 as a receiver design engineer; and with 
Utah Radio Products, Chicago, in 1936 as 
transmitter engineer. He joined the staff of 
Radio News (now Radio & Television News) 
in 1938 as technical editor and has been 
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editor of Radio & Television News and 
Radio-Electronic Engineering since 1941. 
Since 1945 Mr. Read has specialized in the 
study of audio. He is a member of the pro- 
fessional audio group of the IRE, the AES, 
the Acoustical Society of America, the 
SMPTE, the British Sound Recording Asso- 
ciation, and the American Radio Relay 
League. He is a past national director of the 
Armed Forces Communications Association 
and represented the electronics industry at 
Bikini for the A-bomb test in 1946, which 
events he recorded on wire. Mr. Read is the 
author of a book, The Recording and Re- 
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production of Sound, and of numerous arti- 
cles in the field of electronics. 


Frep W. Roserts was graduated from Har- 
vard University in 1933 with a B.S. degree in 
communications engineering. He then taught 
at Monmouth Junior College. From 1934 to 
1941 he was a design engineer for Ace Film 
Laboratories (a division of Warner Brothers 
Pictures), where he designed sound motion 
picture printing and processing equipment 
and worked on methods of printing and 
process control. Since 1941, Mr. Roberts has 
been affiliated with the Dictaphone Corpora- 


333 


tion in the va . positions of engineer, chief 
design engine ., ~anager of engineering, and 
director of e gim *ring and research. 


Russet J. Trvknam attended the University 
of Oregon and was graduated from the Uni- 
versity of Illinois, where he studied mechani- 
cal engineering. He was formerly associated 
with Armour Research Foundation, with 
Magnecord, as president, and with Shure 
Brothers. He is now manager of audio sales 
for Ampex Corporation, Redwood City, Cali- 
fornia. Mr. Tinkham is a member of the 
Acoustical Society of America, the IRE, and 
the SMPTE. 


Audio Engineering Society Fifth Annual Convention—1953 


PROGRAM OF TECHNICAL SESSIONS 


Wednesday Morning—October 14, 1953 


10:00 AM 


10:30 AM 


11:30 AM 


ANNUAL MEETING OF THE AUDIO ENGINEERING SocIETY 


LOUDSPEAKERS 
Chairman; R. T. Bozak 
R. T. Bozak Company, Stamford, Conn. 


Desicn Factors tv Horn-Type SPEAKERS 
Daniel J. Plach, Senior Physicist, Jensen Manufacturing 
Co., Chicago, II. 
A horn cannot be arbitrarily chosen for a given driver 
when best possible performance is required. The horn 
throat area, cutoff frequency, and flare parameter T 
must be properly related to the driver moving system 
constants. The advantage of the hyperbolic cosine horns 
over the exponential type is also discussed. 


Tue Compounp DirrracTION PROJECTOR 
Louis S. Hoodwin, Engineer, Electro-Voice, Inc., Bu- 
chanan, Mich. 


An inexpensive, lightweight compound horn loudspeaker 
has been developed for high-quality public address re- 
production by coupling a re-entrant woofer horn and 
a small tweeter horn to opposite sides of a single dia- 
phragm. The resulting unit has improved frequency 
response and polar distribution with lower distortion. 


Desicn oF A HicH-Freqguency E.ectrostatic Lovup- 

SPEAKER 

C. E. Smiley, Livingston Electronic Corp., Livingston, 
N. J. 

Theodore Lindenberg, Pickering and Company, Inc., 
Oceanside, N. Y. 

Jerry B. Minter, Measurements Corp., Boonton, N. J. 


This paper will describe the design features of an effective 
high-frequency speaker tweeter. A simple circuit will 
be described for driving this loudspeaker to produce 
uniform sound pressure over an extended high-frequency 
range. 


Wednesday Afternoon—October 14, 1953 


AUDIO SYSTEM DESIGN 
Chairman: W. Oliver Summerlin, President 
Pulse Techniques, Inc., West Englewood, N. J. 


7 7 —- 
Jerry B. Minter, the newly 
elected president of the Society, 
addresses the members at the 
banquet. R. H. Ranger, the 
toastmaster, is at the right. 


Puysio-Psycno.ocicaL Factors iv Hicu-Fmewity Re- 
PRODUCTION 


Louis A. de Rosa, Laboratory Head, Federal Telecom- 
munication Laboratories, Nutley, N. J. 


The design of equipment for high-fidelity reproduction 
and for proper stereophonic effects may tolerate reason- 
able amounts of distortion. On the other hand, certain 
types of distortion are particularly annoying to the ear. 
The objectionable distortions are those that indicate 
the presence of new sources of stimuli. Information 
theory, physiology, and anthropology combine in direct- 
ing the design of high-fidelity systems for maximum 
effectiveness. 


CBS Tetevision City Avpio FAcrLities 

Howard A. Chinn, Chief Engineer, CBS Television, New 
York, N. Y. 

Robert B. Monroe, Senior Project Engineer, CBS Tele- 
vision, New York, N. Y. 

Charles A. Palmquist, Project Engineer, CBS Television, 
New York, N. Y. 


CBS Television recently inaugurated program service 
from its new Television City headquarters in Hollywood. 
This paper discusses the philosophy underlying the de- 


ae oe 


Wi 


reas: ee ee Ye Rey 


; 
7 
" "i 
- 
ee | 
| ee j 
4 
sh 
2 
B. 
7 
~ 
t 
= ‘ 
- 
es a 
, . i> ri 
ee . oi ; 
ef : f a 
Fe ee _ la ; 
aa . q - 
7 eo 
“4 =~ “~~ *. . 
es = i ; 
a — ls i ; 
eae . , 
. Ded { ae { 
oe . tk t ae 
~ | ee! | os i. 
a mera. / a 
.* omy | j 7 
: i 
a i 
: > 
; 11:00 AM 
| et 
ee | 
a 
2:40 PM he 
e 
a 7 
4 
-s 
. af 
= 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


sign of the Television City audio and communication Robert D. Winston, Audio & Video Products Corp., 


> facilities and describes the installation in this modern New York, N. Y. 

ke television broadcasting plant. Emphasis is placed on a : : R 
if A descripti f high-speed ta , disc 
: description of features that are new or novel. re appa y aa act ee 


mastering, and associated recording studios will be pre- 
sented in this paper. 


Thursday Morning—October 15, 1953 


DISC REPRODUCTION 
Chairman; Alfred Jorysz, Development Engineer 
Presto Recording Corp., Paramus, N. J. 


Henry E. Roys, well known 
for his work in the field of re- 
cording, is congratulated by A. 
W. Schneider on his election to 
Fellow. 


Wew ApvaNces In LANnGuaGeE TEACHING: 
TOWN UNIVERSITY PROyJECT 


Morris Lewis Groder, Chief Production Engineer, Electri- 


THE GEORGE- 


cal and Physical Instrument Corp., Long Island City, E. C. Wente receives the 
N. Y. certificate of honorary member 
from Arthur W. Schneider of the 

In recent years, electronic devices have played an ever- awards committee. 


widening role in the field of education. Georgetown . 
10:00 Am A New Wive-Rance Pickup 
John F. Wood, Senior Engineer, Electro-Voice, Inc., Bu- 
chanan, Mich. 


A wide-range, amplitude-responsive phonograph pickup 
has been developed utilizing a barium titanate generating 
element. Response has been made flat to the AES 
characteristic within professional tolerances. Discussion 


C. G. McProud, a past AES 
president, inspects an early Edi- 
son phonograph on display in 
one of the exhibit rooms. 


University pioneered in the use of the tape recorder, 
oscilloscope, and other audio and visual devices for 
language teaching and multilingual interpretation. This 
paper describes the project at the University’s Institute 
of Languages and Linguistics, the technica! equipment 
used, teaching methods, and unique techniques devised 
to solve educational problems. 


Henry C. Harrison receives 
the Emile Berliner Award from 
Arthur W. Schneider acting for 
the Society. 


of this project is preceded by a brief consideration of 
magnetic pickups and recording practice. Particular 
emphasis is given to the amplitude-velocity relationship 
and to the advantages accrued by the use of the ceramic 
element. 


4:00 PM System Desicn ror Muttipte Copyinc or TAPE AND 
Disc ProcGRaM MATERIAL 
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SIGNIFICANCE OF INTERMODULATION OF HicH-FrEQUEN- 11:30 Am An ANALYTICAL APPROACH TO PHONOGRAPH PICKUP 
cries In Aupio EQuiIPpMENT Desicn 

Emory Cook, Cook Laboratories, Inc., Stamford, Conn. Walter O. Stanton, President, Pickering and Company, 
Application to audio of the constant-difference frequency Inc., Oceanside, N. Y. 


method (CCIF) of intermodulation measurement is A qualitative examination of the fundamental relation- 
ships which exist between the mechanical elements in a 


phonograph pickup. The purpose of the paper is to 
derive basic equations, by a study of the dynamic track- 
ing problem, which may be used in the design of pick- 
ups. 


ca | 

Oliver Berliner, grandson of 
Emile Berliner, presents the 
Berliner Award to Arthur W. 
Schneider of the awards com- 
mittee. 


F. Sumner Hall, retiring presi- 
dent, addresses the Society at 
the banquet. C. G. McProud 
is seated at his left. 


discussed. Correlation between results obtained and 
listener acceptance; specific means of implementing the 
system to produce results of maximum significance; the 
“N-A Beam” technique. 


Thursday Afternoon—October 15, 1953 


11:00 am Errect or HicH-Freqguency Pre-EmMpHASiIs ON GROOVE 


SHAPE NEW DEVELOPMENTS 

Jerry B. Minter, Chief Engineer, Measurements Corp., Chairman: Sol Heller, Managing Editor 
Boonton, N. J. Technician Magazine, New York, N. Y. 

Aldo R. Miccioli, Engineer, Measurements Corp., Boon- 


2:00 Pm New DEVELOPMENTS AND APPLICATIONS OF PRINTED 
Circuits 
Arthur W. Kelly, Jr., Applications Engineer, Photo- 
circuits Corp., Glen Cove, N. Y. 


ton, N. J. 


5 


The pros and cons of the latest manufacturing methods 
will be briefly discussed. This will be followed by a 


Pa eae eee 


Richard H. Ranger, toast- 
master and a newly elected 
governor of the Society, ad- 
dresses the banquet. On his 


left is F. Sumner Hall, retiring 
president. E. W. Kellogg receives the 


John H. Potts Memorial Award. 


A theoretical derivation of the recorded groove shape 
for lateral-cut records will be presented together with summary of the latest achievements in etched circuit 
the effects of pre-emphasis. Experimental confirmation techniques including examples, samples, and explanations 
of these results will be included in the paper. of applications. 
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New Business Orrice Dictatinc Macuine Wirn 

Macnetic Tare As A Recorpinc Meprium 

Samuel J. Hyman, Chief Engineer, Permoflux Corpora- 
tion, Chicago, II. 


The development of magazine-loaded tape with standard 
reels has permitted flexible dictating machine design, 


3:00 PM 


C. G. McProud, recipient of 
this years’ Audio Engineering 
Society Award, addresses a few 
words to the members at the 
banquet. 


featuring rapid start and stop as well as exceptional 
fidelity of reproduction. Several novel mechanical fea- 
tures and some unusual applications will be described 
in this paper. 


A New APPROACH TO PROFESSIONAL MAGNETIC RECORDING 
EQUIPMENT 
John W. Hines, Sales Manager, Magnecord, Chicago, III. 


3:30 PM 


C. J. LeBel, secretary of the 
society, is congratulated by 
Arthur W. Schneider on his 
election to Fellow of the Society. 
Henry C. Harrison is at the left 
and E. W. Kellogg on the 
right, both recipients of Society 


awards. 


This paper will describe a new development in the field 
of professional magnetic recorders. This new recorder 
features several new and novel operating features. 


On-Stace SerectivE Sounp REINFORCEMENT SysTEM 
Richard Edmondson, Engineering Department, National 
Broadcasting Company, N. Y. 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


4:30 PM 


Friday Morning—October 16, 1953 


10:00 aM 


Walsh Engineering Company, Elizabeth, N. J. 


The required mobility of performers over increasingly 
large staging areas in television introduces problems not 
only of sound pickup but also of sound reinforcement 
to the stage and the creation of favorable acoustical 
environments for the actor. The need for a special 
sound system to feed audience reaction, music, sound 
effects, and selected cast mikes to various parts of the 
stage area as well as to create “natural” acoustics for 
the actor will be discussed. A system designed for this 
purpose and used in NBC’s Center Theatre will be de- 
scribed. 


Some Notes on ProsptemMs ENCOUNTERED IN THE UsE 
or A STANDARD REFERENCE TAPE 


Frank Radocy, Director of Quality Control, Audio 
Devices, Inc., New York, N. Y. 


1.A description of the reference tape method as used in 
the interim Federal Specification WP-61A (Navy Ship) 
28 March 1952. 

2. Observations on the changes in performance character- 
istic of the standard reference tape resulting from 
physical change due to repeated playing. 

3. Variations in the standard reference tape performance 


resulting from a replacement of magnetic record-re- 
produce heads. 


A New TRANSFORMERLESS AupIO AMPLIFIER CIRCUIT 

Kerim Onder, Engineer in Charge, Circuits Research 
Laboratory, New York, N. Y. 

This paper will describe a new transformerless amplifier 

with low impedance output and no direct current 

through the loudspeaker voice coil. The amplifier will 

be demonstrated. 


AMPLIFIER CIRCUIT DESIGN 
Chairman; Lincoln Walsh 


Lt Y/ 
Lincoln Walsh opens the Fri- 
day morning technical session of 
the AES convention. The topic 
for the morning was amplifier 
circuit design. 


A New 30-Watt Power AMPLIFIER 

Frank McIntosh, President, McIntosh Laboratories, 
Binghamton, N. Y. 

Sidney Corderman, Chief Engineer, McIntosh Labora- 

tories, Binghamton, N. Y. 
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The McIntosh unity-coupled output circuit is used in a forward and backward acting circuits are shown and 
new 30-watt amplifier. Resistance-capacitance coupling compared from performance and cost standpoints. 
is employed up to the output stage, eliminating the Measurement techniques are described. 

driver transformer heretofore required. The amplifier 

offers extremely low harmonic and intermodulation dis- 11:30 Am Tue PuiLosopHy or AMPLIFIER EquaciZATION 

tortion, flat frequency response, good transient response, H. H. Scott, Hermon Hosmer Scott, Inc., Cambridge, 
and low noise level. Mass. 


ConsipeRATIONS OF HicH-QUALITY PREAMPLIFIER DesiIGN 
Martin V. Kiebert, Jr., Consultant to Fairchild Record- 
ing Equipment Corp., Hasbrouck Heights, N. J. 


H. H. Scott delivers a paper 
on the philosophy of amplifier 
equalization. 


M. V. Kiebert speaks on the 
design of preamplifiers for home 
audio systems. 


Modern high-fidelity amplifiers include equalizing circuits 
to cope with the wide variety of recording curves which 
have been used. In the design of such circuits, some 


A new preamplifier design will be described which is reasonable compromise must be reached between flexi- 
scheduled for production in the near future. This pre- bility, which often implies complexity, and convenience 


amplifier contains several novel features and provides of operation. In this respect, the designer has had to 
flexible arrangement of controls meet conflicting demands from customers to provide a 


variety of curve shapes matching closely a number of 


11:00 Am Avpio Automatic VotuMEe ConTrot SysTEeMs the desired playback characteristics, while at the same 
Frank W. Roberts, Director of Engineering & Research, time keeping the control as simple as possible for the 

Dictaphone Corp., Bridgeport, Conn. nontechnical music lover. Current practice includes at 

Robert C. Curtis, Chief Electronic Development Engi- least four solutions to the problem, each with its at- 

neer, Dictaphone Corp., Bridgeport, Conn. tendant advantages and disadvantages. The writer has 


been concerned with the design and manufacture of all 
four types and will discuss the various design and operat- 
ing factors involved for each type. 


Friday Afternoon—October 16, 1953 


HOME MUSIC SYSTEMS 
Chairman; Charles J. Fowler, Editor 
High Fidelity Magazine, Great Barrington, Mass. 


2:00 PM DecorATING THE Home witH Music 
R. J. Tinkham, Manager Audio Sales Department, 


Ampex Electric Corp., Redwood City, Calif. 


Music in the home should be considered as much a part 


F. W. Roberts presents his of interior decor as decorative fabrics, colors, and fur- 
paper on audio automatic vol- nishings. The development of new recording and re- 
ume control. producing techniques make possible home music that 


reflects the character of the home owner. Just as music 
relieves tension in busy factories, offices, and stores, it 
can be used to sooth the fevered brow of a homemaker. 


Audio automatic volume control systems used in a 
variety of applications fall into two general categories: 
compressors and limiters. Operate times should be short 
without introducing “thump” in the signal. Methods 2:30 PM A Composite Recorpinc System ror Stupio or HicH- 
of control and “thump” cancellation are discussed. Both Fiverity APPLICATIONS 
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3:00 PM 


3:30 PM 


4:00 PM 


York, N. Y. 


The audio engineer or the professionally minded audio 
enthusiast can increase the versatility of high-fidelity 
components by using broadcast techniques. A composite 
system is described wherein facilities are provided for 
both monaural and binaural recording, playback, and 
dubbing of tapes and discs with full monitoring and 
other features. 


ENHANCING THE LisTeNING QvUALITIES oF HIGHLY 
Damrep SMALL Rooms aAnp Stup10s 


Paul Weathers, Weathers Industries, Barrington, N. J. 


If the apparent size of the listening room can be artificial- 
ly enlarged and the reverberation controlled to simulate 
the characteristics of a perfect auditorium for the type 
of music reproduced, the overall results would be: (1) 
spatial effect of a large room; (2) more apparent loud- 
ness without being more audible outside the room; (3) 
reduction of objectionable distortion and noise. This 
paper describes systems for producing controlled delays 
and repetition of delays. 


Avupio AND INTERIOR Decor 
Jeff Markell, New York, N. Y. 


This paper will consider some of the factors necessary 


to properly integrate audio equipment into the decor 
of a room. 


A Pretiminary Report or Group LisTeNER REACTIONS 
To Brvaurat Sounp REPRODUCTION 


Harold T. Sherman, Sherman Studio, Carnegie Hall, 
New York, N. Y. 


Multiple-channel sound reproduction provides better 
realism than does our single monaural channel. A simple 
two-channel binaural system will allow the listener to 
assimilate more information through better definition 


and more natural loudness differences. Microphone 


Oliver Read, Editor, Radio & Television News, New 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


placement will be discussed and related to group listener 
auditory reactions. 


Saturday—October 17, 1953 


10:00 am 


10:30 AM 


11:00 Am 


MULTICHANNEL SOUND REPRODUCTION 


Chairman; William H. Offenhauser, Jr. 
New Canaan, Conn. 


STEREOPHONIC REALISM 


Colonel Richard H. Ranger, Rangertone, Inc., Newark, 
N. J. 


Appropriate coordination between intensity and timing 
is essential for stereophonic realism. Different handling 
is required for music, speech, and localized sounds. 
Clean-cut original recordings, mixed appropriately to 


a minimum of magnetic channels, accomplishes the real- 
ism. 


A STEREODYNAMIC MULTICHANNEL AMPLIFIER OF NEW 
Crrecuir Desicn ror SINGLE or Brnaurat INPUT 


John Nigro, Madison Radio-Sound, Madison, N. J. 


A multichannel stereodynamic amplifier for single or 
binaural input. A further development of a unique 
system of amplification, using dynamic control stages 
and an integrating third channel to effect greatly in- 
creased illusion of spatial distribution in reproduction 
of both single and binaural source. 


MULTICHANNEL SouND REPRODUCTION 


Walter T. Selsted, Chief Engineer, Ampex Corporation, 
Redwood City, Calif. 


The system described is typical of many such systems 
which are to be installed in the nation’s theaters in the 
very near future. The considerations of power amplifier 
requirements, speaker characteristics, and power capa- 
bilities are among the many aspects of this problem 
which are covered in the paper. In this paper the input 
signal is supplied by magnetic reproducing equipment to 
be described in detail. 
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Binaural Disc Recording — Emory Cook . 


Methods of Measuring Surface Induction of Magnetic Tape —— Jip ns 0 5 ey Pans vw de Oe De 4 if 
A New Professional Magnetic Recording Tape — Edward Schmidt . .. . on ee ee a 10 ] 
Constant-Current Operation of Power Amplifiers — Howard T. Sterling and Alan Sobel. . . . . . . . ss. 16 4 
& Mow Pocket Wie Recenter Glew Ba. 8 tc bt ee pew ee” © Oe © 2 ee : 
sees Thee — &. 2. Cee. ois tee et he ol el ee eee Os 6) eee ee eee : 
Some Consideration Regarding Volume Production of Electronic Musical Instruments—George H. Hadden. . . . 29 . 
Gun-Shot Reinforcers and Synthesizers —J. L. Hathaway and R.E. Lafferty. . . . . , ; . . ae ‘ 
The Deposited-Carbon Resistor: An Essential Component of Good Audio Design Practice — Llewellyn Bates Keim . 42 
Electrolytic Capacitors, Why and When — Mark VanBuskirk. . . . . 2. 1. 1 6 0 ww we ew we ew ew we) 46 
Choice of Electron Tubes for Audio Circuits—-W. R. Ayres. . 2. 2. 2. 1 6 se ee we we we we ee we we el GY 
Review of New Printed Circuit Development and Audio-Frequency Applications — Arthur W. Kelly, Jr. . . . . 53 


Intermodulation Measurements — H. H. Scott . 


Measurement of Nonlinear Distortion — Alan Bloch . 


Comparative Study of Methods for Measuring Nonlinear Distortion in Broadcasting Audio Facilities — Donald 
E. Maxwell. . ... Se ee 8 ee we } oe oe ee ee eee & eer 


Distortion in Phonograph Sinise WE 5 a ee a ee oe ee et 3 2 78 
Basic Problems in Audio Systems Practice— W.E. Stewart. . . . 2. 2. 2 6 «© © © © © © © © ew we 85 
Audio-Frequency Input Circuits — William B. Snow. . . 2. 1 6 6 6 ee 8 ee ee ew ew we) CB 
Attenuator Types and Their Application — Chester F. Scott. . . 2. 2. 1. 1 1 «© we ee ee ew ew we we ew GS 
The Design of Speech Input Consoles for Television — Robert H. Tanner. . . . . «1 s+ ee ee ew we 
Grounding, Shielding, and Isolation — Arthur Davis. . . . . . 2 1 2 2 © © © ww © © © ow ww w= 185 
Consideration of Some Factors Concerning the Use of Audio Transformers —W.E. Lehnert. . . . . «. «~~ 105 
Bypass and Decoupling Circuits in Audio Design — Lewis S.Goodfriend. . . . « «ss ee ee we @ e HM 
Resistance-Capacitance Networks in Amplifier Design — EE. D. Sisson. . . 2 6 6 1 ee we ew ew we 16 
Atieiion Goes — FR. BR ww a ee OS Ae ee EES 125 
Network Transformations—L.Norde. . .. . : ee ee. ek ee ee i ee Sie 
Analyzing the Long-Playing Pickup Problem — Theodore shiiei Se rt Cr ee ee ee le 
Binaural Sound Reproduction at Home —H.T. Sherman. . . 1. 6 6 6 6 ee ee ee ee we ee TA 
Testing and Adjusting Speaker Installations with the Sound-Survey Meter —W.R. Thurston . . . . «. « « + 146 
Concert-Hall Realism through the Use of Dynamic Level Control — John Nigro and Jerry B. Minter. . . . . « 160 
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Aprit 1953 VoLuME 1, NUMBER 2 


Some Audio Considerations in Air Control Towers — John C. Webster and Paul O. Thompson. . . . . .. . &I7i 
History and Development of Stereophonic Sound Recording— Ross H. Snyder. . . . . . . - «» « «© « « 176 
An Adventure in Microphone Design— Howard T.Souther. . . . - 2 «© 2 © 2 © ee ee we ew ee + 180 
Modern Methods of Filter Design— Leslie Norde. . . . . betes gk lee Ge tw Teal ee 
The Vibrating String as an Audio-Frequency Circuit Element Ma A. McWaid . S > aciterien 199 
The Application of Printed Circuits and Miniaturized Assemblies to Audio Amplifiers and aiobican — yom ‘ted 202 
A Condenser Microphone for Quantitative Determinations of Ballistic Shock-Wave Intensities — W.G. Hornbostel 


: and Marcus C. Eliason. . . a 2 Ne eo ee etee Ue. ce ee ee 
. A Low-Noise FM Recording ise a Walter  » ‘Selsted . aa oe 
t Aircraft Public Address System Operation under High-Level Ambient Noise Contin — Siebel C. aes. ds 
k ee EG te ee es 4 8 eee ea ee oe ee 
ees IR ee eee Oe ee ee ole SW ee ee ee ae ee 
> Jury 1953 VoLuME 1, NUMBER 3 
ee Structure and Performance of Magnetic Transducer Heads —— Otto Kornei. . . . . . . . se we ew ew es) 225 
] New High-Grade Condenser Microphones—F.W.O. Bauch. . . . . 232 
A Variable-Speed Distributor System for Synchronizing Out-of-Sync Pictures uP Sound Sai H. M. Tremaine 241 
A Novel Audio Sweep Generator — Peter Pohl and Henry Wolcott. . . . . . . . . . ww ew ew ee 244 
4 The Amplifier and Its Place in the High-Fidelity System — H.H. Scott. . . . . ........ =. . 246 
% Two Ears in Three Dimensions — Norman C. Pickering and Eric Baender, M.D. . . . . . .... . « « 255 
A Variable Inductor — R. E. Allison. . . ‘ ; ean Dae ee 
Review of New Materials and Techniques in High- Fidelity Sescilltities inal Lewis W. perry ae F 
ee ee ee ee eee ee ee a ee es ae a 


Section Meetings . 271 


OctToBER 1953 VoLuME 1, NUMBER 4 


Design of an Electrostatic Loudspeaker — Theodore Lindenberg, Charles E. Smiley, and Jerry B. Minter. . . . . 273 


Design Factors in Horn-Type Speakers— Daniel J. Plach. . . . 2. 2. 1. 1 ew ee ew ee ee ee ee 276 
A New Transformerless Amplifier Circuit—Kerim Onder. . . . si Spe ns ower ck eh le ag ee 
A Stereodynamic Multichannel Amplifier for Single or Binaura! Input — John ‘lee be 9 ee Cee, oe) 
A New 30-Watt Power Amplifier — Sidney A. Corderman and Frank H. McIntosh. . . . . . .... . . 292 
Audio and Interior Decor — Jeff Markell and Mary Leighton. . . . . . . «© 2 1 ee ee eee ee 297 
Decorating the Home with Music — Russell J. Tinkham. . . . aoe hie? Saha eM eb es 
A Composite Recording System for Studio or High-Fidelity hetliailiain — Oliver Read . aie ee ee a 
Audio Automatic Volume Control Systems — F.W. Roberts and R.C.Curtis. . . . gl eye) 
A New Business Office Dictating Machine Using Magnetic Tape as Recording Medium — hited J.figmen. « « « 8 
Effect of High-Frequency Pre-Emphasis on Groove Shape — Jerry B. Minter and Aldo R.Miccioli. . . . . . . 321 
AES News . 327 
Journal Authors ee ee a ee ee ee ee ee ee ee ee a ee be ee ea 
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